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This manual is divided into two parts. The first part, comprising Chapters 1 through 
3, covers those aspects of the ADR 68K which are unchangeable: i.e., the hardware. 
Installation, the basic design concepts, service and upgrades, and general information 
about digital signal processing 

The second part, comprising Chapters 4 through 7 and the Appendices, deals with 
the software and programs in the ADR 68K This information will change every time a 
software upgrade is released, and so you will be supplied with new versions of these 
chapters when you receive your upgrades. You will also be supplied with a new Table ol 
Contents, so your manual will never go out of date. 
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— Precautions — 


^ Before connecting the ADR 6SK to your AC power "tine, read the sections 
explaining the correct internal voltage selection. Connecting the unit to the wrong 
voltage may damage it. 

=» Before installing your unit, read the section on mounting and be sure to allow 
enough room for ventilation. Also, pay attention to the warning about providing 
extra support for the rear of the chassis if the unit will be transported in a rack 

=> This unit is for use with line level audio sources, on the order or a few volts 
maximum. It is not to be connected to the output of audio power amplifiers. Doing 
so may damage the input circuits. 

=3 Always turn off any monitors, both speakers and headphones, that are 
connected to the ADR 6SK when turning the unit on or off. When the ADR 68K is 
powered up or down, audio "pops" will appear at its outputs which can be quite 
loud, and may cause damage to speakers or headphones. 

=5 The 1 /4" jacks on the remote control must not be subjected lo greater than *5 

volts or less than 0 volts (l.e., a negative voltage), or the remote may be rendered 
unusable. 

=» Although the unit is quite tolerant of warm environments, you should 
nevertheless avoid excessive moisture and high temperatures to reduce any fire 
1 hazard. 


"WARNING: This equipment generates, uses, and can radiate radio 
frequency energy and if not installed and used in accordance with the 
instructions manual, may cause interference to radio communications. 
It has been tested and found to comply with the limits for a Class A 
computing device pursuant to Subpart J of Part 15 of FCC Rules, which 
arc designed to provide reasonable protection against such interference 
when operated in a commercial environment Operation of this 
equipment in a residential area is likely to cause interference in which 
case the user at his own expense will be required to take whatever 
measures may be required to correct the interference." 
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Unpacking and Inspection 

As soon as you receive the carton containing your ADR 65K. inspect it carefully 
for signs of shipping damage. Report any stripping damage to the carrier 
immediately and file a claim. Although in most cases we insure our shipments, it is 
I ho consignee's (ie., your) responsibility to initiate a claim for shipping damage. Save 
ihe carton and all packing material in case return to the factory is ever necessary. 

NOTE: A Warranty Registration Form has been included in the front of this 
manual. Please fill it out and return within 2 weeks of receiving your ADR 6SK. 

77ns is IMPORTANT 1 In order to keep you informed of software updates and other 
changes nr enhancements to your ADR 6SK in the years ahead, we must have your 
warranty card on file. If we do not, we will haw no any of gelling in touch with you! 

Wiring and Setup 

Power 

The ADR 68K operates on 1 15 nr 230V AC 30 or 60Hz A label on the rear panel 

indicales how vour unit was set at the facton-. 

• • 

lAWOKTANT! If you have any doubts about the internal voltage selling, and you 
are about !.> plug the unit into a 230V AC line, DON’T'.' Operating an ADR bSK set to 
, 115 V a! 2301' will damage the unit. Remove the AC cord, unsaew the 10 screws 
holding the bottom cover in place, and check tiie setting of the internal voltage 
selector switch. Correct if necessary and reinsur'd the bottom cover 

IMPORTANT! If you must change the power cord plug to suit the standard in your 
country, be sure to connect the Green wire to the Ground pin of your plug. The 
I Ground pin is a safety feature designed to connect the ADR 6SK chassis to poxocr 
1 ground. D O NOT DEFEAT IV 

The AC receptacle is a standard 3-p:n IEC connector for a detachable line cord. 
The center pin is tied to the ADR 68K chassis for electrical safety reasons. Tile first 50 
ADR 6SK’s are equipped wtth a transformer and switching arrangement suitable for 
most countries, except Japan, where the nominal line voltage is 100V. (If you have 
one of these units and must use it in Japan, please contact your dealer.) These units 
have a two-position slide switch mounted internally on the PWR PC board that 
straps the transformer primaries for either 1 15V operation (windings in parallel) or 
for 230V operation (windings in series). 

Later units have a rotary four- or six-position switch and a tapped transformer, 
allowing selection of nominal line voltages of 100V, 120V, 220V, and 240V. Set the 
switch to the position nearest the nominal line voltage of your country. When in 
doubt, chose the sotting just higher than your nominal line voltage, or consult vour 
dealer for advice. 
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Abu inside are two fuses 
for the mains (US type 3AG 
SI.OULOU5A, 1-1/4 x 1/4"), 
and a fuse for the +5VDC 
supply (US type SAG 8A fast 
blow. 1 x 1 /4"). You can access 
these by removing the bottom 
cover — remove four small 
screws from each side of the 
cabinet, and two from the 
back. Always replace the 
bottom cover when you are 
done to avoid shock hazard. 



Dower switch 


Front of Unit 


voltage selector 
switch (serial »s 
• •50 only) 


Mounting 

The ADR 6SK may be rack mounted (height is "2U." or 3.5" lS.t>cm]). Be sure to 
maintain adequate clearance for air flow at the top, bottom, and sides of the unit 
One inch (2.5cm) all around is recommended. Do not install the ADR 6SK directly 
above a high-power component such as a power amplifier. The ADR 6HK should 
not be operated on a table or bench-top, as there are ventilation holes in its 
underside. Bench-top operation also interferes with convection air-flow cooling of 
the heat sink and power transformer. 

For brief uses, on the order of an hour or so (such as demonstrations), there is 
no problem with bench operation For periods on a bench of up lo three hours or so. 
it is best to place the ADR 6SK on blocks 1" (2-3cm) high, to allow convection 
cooling. 

You will nolice that much ol the weight of the ADR 6SK is in the power 
transformer on the rear panel. Therefore, if you install the unit in a rack that will be 
transported and subjected to physical jolting, you must an-ange for extra support of 
the chassis at the rear. If that is especially inconvenient, you may obtain an accessory 
pair of reinforced mounting rails from AKG that screw into the rack from the front 
and give the chassis extra support. 
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Audio Connections 

Inputs 

The ADR 68K has stereo inputs. Whether to use one or both of the inputs will 
depend on the program chosen, but in general, in order to utilize fully the unit’s 
sound processing capabilities, both of these inputs should be connected. Feed the 
ADR 68K inputs from either balanced (preferable) or unbalanced sources of 6(X) £2 or 
less impedance Maximum signal level is 7Vrms. while minimum signal for 
normal operation is -lOdBV (316mV). 

The ADR 6SK can be set for four different input sensitivities: -1U, 0, +8, and 
+likllW. Input sensitivity is defined as the rms sine wave level of a signal that 
exactly corresponds to the saturation point of the analog to digital converter; i.e., 
when the sensitivity is set to "OdBV", a sine wave at the input of IV rms will have 
its peaks converted to -/- full scale of the 16 bit ADC. 


The ADR 68K is shipped 
from the factory set to -rSdBV 
input sensitivity. To adjust the 
sensitivity, remove the AC line 
coid from the ADR 68K, and 
remove the bottom cover by 
removing lour screws on each 
side of the cabinet and two on 
the back. Now locate the four 
jumper blocks, labelled J 13 
through J 16 , near the input 
connectors on the ANA-3 board. 
There is a pair of jumper blocks 
for each of the two input 
channels. For each pair of 
blocks, there are four valid 
positions for the shunt. Reler to 
the drawing (or to the 
designations screened on the PC 
board itself) to determine the 
shunt position for the input 
sensitivity you would like to 
use He careful not to turn the 
shunts upside down before 
putting them back on the pins: 
the end of the shunt with the 
holes is the one that gets pushed 
ontu the pins. Once you have 
moved Hie shunts, reinstall the 
bottom cover. 


0 *18 

0 +18 

r rn 

i — n — i 
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The inpuls are electronically balanced (differential amplifier): Pin 2 high. Pin 3 
low. and Pin 1 ground. Recommended source impedance is 600 Q or less. This is 
what the input stage looks like schematically: 



The ADR 68K input and output circuits arc are quite versatile; for example, 
they're compatible with balanced or unbalanced equipment and they will also work 
perfectly well in either "pin 2 high" or "pin 3 high" systems. II your installation 
wiring uses pin 3 as "high" or "hot", simply interchange the connections to pins 3 
and 2 in any of the connection figures given here Just make sure you follow the 
same convention at both input and output of the ADR 6SK, or you’ll get an overall 
phase reversal. 

There are two ways to connect the ADR 6SK to a balanced source. You should 
use diagram "A" if your external source and load do not share a common ground, or 
if you are unsure about whether tlvey do. If you're sure there is a common ground 
between source and load (e g., you've connected the ADR 6SK to a console echo 
send/receive circuit), then diagram "B" may offer some advantages in reducing 
potential ground loop problems. 





Connecting the Inputs to a Balanced Source 
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There are also two ways to connect the ADR 6SK to an unbalanced source. 
Diagram "A" is Ihe normal connection, but diagram "B" may offer some advantages 
in dealing with ground loops. When you are connecting the ADR 6SK to unbalanced 
equipment, be sure always to ground the unused pin of the ADR 6SK input or 
output right inside the connector shell at the ADR 6SK, not at the other, unbalanced 
end of the cable. Failure to do this can result in signal loss or hum pickup. 




Connecting the Inputs to an Unbalanced Source 


Outputs 

The ADR bSK has four outputs: Main Left and Right, and Aux Left and Right. 
For some applications, only the Main outputs are used, white for others you will 
want to have all four connected. The program descriptions later in this manual 
describe how each program uses the various outputs. 

Each output is driven by an active differential circuit. Like the inputs, pin 2 is 
high, Pin 3 is low, and Pin 1 is ground. Source impedance on pin 2 and 3 is 100 il 
The minimum recommended load impedance is 600 LI while the maximum output 
level is *T7dBV nominal. 

Unlike the inputs, the output le\ els are not adjustable, but are fixed at a -17 
dBVfor analog-to-digital convertor full-scale; i.e., when the ADR 6SK's signal 
processor delivers a full-scale digitized signal to the digital-to-analog converter, that 
signal is delivered to the output at +17dBV. 

If +17dBV is too high for vour other equipment to deal with, we recommend 
using a resistive attenuator pad between the ADR 6*SK's outputs and your system 
inputs Consult your dealer if you need more help. 

The ADR 68K output stage is an active differential design, with 100 H source 
impedance of each output pin, and will drive inputs with 600 D or (preferably) 
higher impedance. On the following page is a schematic of the ADR 6SK output 

stage- 
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ADR 6SK Output Stage 

There are two alternative methods of connecting to a balanced load. Diagram 
"A" is the straightforward method, but diagram "IT may offer advantages in dealing 
with possible system ground loops. In "B" both the ADR 6SK and the load chassis 
are grounded to a good system reference, and there is no direct connection via 
output cables. This prevents ground currents from Bowing in the cable shields. 



GROUND 




GROUND REF 

* 

■O. 


► CHAS.SIS 


Connecting the Outputs to a Balanced Load 


Tor connection to an unbalanced load, use two-conductor shielded coble wired 
as shown here, with the hot lead connected to pin 2, and pins 1 and 3 tied together 
to the shield. Note that the connection from pin 3 to pin 1 must be made iaside the 
shell of the XLR-3 plug going into the ADR 6SK output connector, not at the other, 
unbalanced end of the cable Failure to do this can result in weak or distorted output, 
or to output stage oscillation. 

NOTE: Do not tie the 
left and right outputs 
directly together to form a 

mono sum signal. Connecting the Outputs to an Unbalanced load 
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Mainframe Controls and Features 

Power Switch 

The power switch connects the mains power source to the ADR 68K's power 
transformer so that the unit will function. When “off," this switch disconnects both 
sides of the power line from the transformer. 

Data Cartridge 

The data cartridge supplied with the ADR 68K is a non-volatile, removable, 
memory storage device, intended to hold user-defined presets. After adjusting the 
parameters of a program to suit your needs, you can name that preset and store it in 
either in internal memory or in the data cartridge for later use. Each 64 K cartridge 
can hold up to 50 presets. You can buy additional cartridges from AKG. 

Note that the data cartridge is not intended to hold new algorithms (these can 
only be clunged by swapping the internally-mounted EPROMS — see the chaplcr on 
updates for more), nor can it be used to hold sampled sounds recorded by the ADR 
68K It is only lor storing user program presets. 

The data cartrige can be inserted or removed with the power on. without harm 
either to it or to the mainframe unit. 

To insert the cartridge, position it in the slot with the label facing up. Push 
lirmly on it, jiggling it around slightly until you feel the socket "give". When it is all 
the way in, it will not let you push any more. To remove the cartridge, grasp it 
firmly and pull straight out. 

The cartridge has a "write-protect" switch which allows you to make sure that 
any presets you have stored on it cannot be changed or overwritten. You can use a 
pen or small screwdriver to switch it on and off (don’t use a pencil — the point may 
break off and cause damage). 
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Remote Control Connector 


The ADR 6SK will not work without a properly connected remote uniL A 6- 
pin female DIN connector on the rear panel receives the connector from the remote 
control cable. The cable is double-shielded, four-conductor. The unit is supplied 
from the factory with a 25-foot cable, but if you would like to make your own, longer 
cable, lengths of up to 100 feet should present no problem. Both ends of I he cable arc 
identical, using 6-pin male DIN connectors, with the following pinouts: 


pin signal wire type and color 


1 

digital ground 

shield 

2 

digital ground 

shield 

3 

data from remote 

green 

4 

+9 Volts from mainframe 

red 

5 

data to remote 

white 

6 

digital ground lor fcLP 

black 



Remote connector wiring 
(from wiring side) 


MIDI Connectors 

The ADR 68K has a full MIDI hardware implementation with standard 
interface devices and elcctncal characteristics. There are the usual MIDI In and MIDI 
Thru connectors, as well as a MIDI Out connector. The MIDI connectors are wired in 
accordance with the MIDI 1.0 specification, i.e., pins 4 and 5 signal, and pin 2 ground. 

As the ADR 68K evolves and develops, the MIDI implementation will be come 
more flexible and more important. 


AKGADR6BK—Clupler1 



Page 1 1 


The Remote Control 

Except for those functions which are controlled via MIDI, .ill ADR 6SK control 
functions must be earned out from the remote. The ADR 68K has no front pane) 
controls except the Power switch. 

If either end of the cable connecting the remote to the mainframe is 
accidentally pulled out while the ADR 6SK is operating, there will be no damage 
(even with the power on), and the cable can be plugged back in. 

The remote unit’s operating features and protocols are almost entirely defined 
in software, and so most of them are discussed later in this manual. 

Adjusting the Viewing Angle 

You can change the way the characters in the Liquid Crystal Display on the 
remote appear, to accomodate for different viewing angles. If the display is going to 
hi* located below you — say, down at the very front oi a mixing desk — move the 
viewing angle up by lidding the Shift button and holding tire Up Arrow 
(alsolabellcd 'View Up") button until the display becomes clear, k the display is 
going to be above you — like on a shelf above a console — then hold the Shift 
button and the Down Arrow ("View Down") button until the display becomes clear. 
Thu viewing position Is retained in memory when the ADR 6SK is turned off, 

1/4" Jacks 

Four 3-circuit, 1/4" jacks (tlp-nng-sleeve type, as used with stereo headphones) 
are on the rear pane! of the remote. These allow foot switches, hand- or foot- 
operated potentiometers, or synthesizer CV outputs to control the ADR 6SK’s 
program parameters or to trigger various types of events. Software in the various 
programs handles which jacks control what functions. 
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The jacks require special care in wiring to the control source. T'lis figure shows 
the wiring of the jacks to an analog-to-digital converter inside the ADR 6SK. 



Input Circuit for the 1/4" Jacks 


The ADC converts signals in the range of 0 to +5V into a 10-bit word, while 
software provides hysteresis and rounds the 10-bit result to the nearest 7-bit word. In 
practice, the ADR 6SK usually offers 12S discrete parameter values. Notice that a 
capacitor provides low pass filtering for noise immunity, and a pull-down resistor 
holds unused inputs at ground In addition, a diode clamp to ground will provide 
some protection from negative input voltages. 

IMPORTANT! Do wot connect any source to cither the tip or ring of the 1J4" jacks 
which can provide greater lim +5 yo/ts or less than 0 volts (U., a negative voltage). 

Voltages outsule this runge could destroy the aiuilug- toil igiuil convertor , until the 
result that the ADR 6SK becomes totally non-functional. 


i 
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Some programs will allow continuous external control over a parameter, from 
a device such as a fool pedal. A -r5V source fed through a 1 KI2 resistor is connected 
to the ring of the 1 / 4" jacks to serve as a voltage source for such a device. The pedal’s 
potentiometer should be in the range of 10K (preferable) to 50KO, with linear taper. 
Connect the pot clockwise (cw), counter-clockwise (ccw). and wiper as shown. 


CW FUNG SLEEVE TIP 



Connecting a Potentiometer to the 1/4" Jacks 


For controlling parameters of a binary, on/off nature, you can connect a foot 
switch, with nnrmaily-open style contacts, to the jack as shown here 

NORMALLY OPEN 
TOOT SWITCH 



Connecting a Foot Switch to the 1/4" Jacks 


Many electronic-music synthesizers have "CV" (Control Voltage) outputs, 
which are generally in the 0 to +5V range. Before connecting such a CV source to 
the 1/4" jacks, you should verify that it is in fact operating within this range by 
measuring its extreme positive and its "off" voltages with a digital multimeter. If 
the CV source duo not go above t 5V or belmv OV (into negative voltages), you can 
wire it in as shown. 



CV 

SOURCE 


Connecting a Syndics izcr*5 CV Output to the 1/4" Jacks 
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Product Philosophy and Design Goals 

The ADR 68 K is a multifaceted digital audio processor. Although it produces 
superb reverberation, it is far more than just another digital reverb. It produces a 
wide range of useful time-based effects, but it is more than just a ddl. H can store, edit 
and recall samples, but It is more than a sampler. 

In order to produce the most sophisticated, most flexible, and Wghest-qunlity 
digital processing system yet available, the ADR 6 SlCs design team adopted a 
number of specific goals: 


-* To have enough power and speed in the signal-processing chain, and in the 
controlling microprocessor, to support the most ambitious software needs, 
including concurrent effects processing, and smooth transitions between 
programs. 

«* Excellent ergonomics, with a comprehensive but dear user interface. 

=> Pull MIDI capability, to take advantage of the growing importance of MIDI-based 
music and sound production. 

=5 Sound quality second to none. 

A totally software-based, fully-updatable system, which will allow the unit to 
remain technologically current over a long lifetime. 

=? Integrated processing and control software for maximum flexibility and 
upgradability. 

=» Plenty of signal memory, with room for further expansion. 

=> Plenty of EPROM memory' space in the controlling microprocessor, to allow lor 
indefinite software expansion. 

=> Reliability and ease of maintenance. 

=? Affordable cost. 
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System Design 

The AKG engineers began by choosing a 68000 microprocessor (as used in the 
Apple Macintosh, the Atari ST, the Commodore Amiga, and most modern CAD 
workstations) as a central processing unit, and docked it at SMI Iz to obtain enough 
controlling power so that it could be counted on to fully support the signal- 
processing and user- interface needs for the long product life intended for the ADR 
68K, 


The signal processor has 256K 16-bit words of Dynamic RAM for audio 
memory. This allows over 8 seconds of sound sample storage, at a 16 bit/15kHz 
performance level; moreover, it is expandable ;o 1M words, for a potential of 32 
seconds of internal sound memory. 

A large alpha-numeric display was designed, to keep the user fully informed 
and in complete control over the unit’s great power and variety of features. The 
engineers chose an easv-to-read four-line LCD with back-lighting, and then equipped 
the remote unit with convenient scrolling and paging software, allowing easy access 
to the many virtual pages of control information. 


Anticipating the explosion of interest in MIDI — not just in music 
performance, but in serious recording and video produclinn — the engineers 
included the capability of full MIDI parameter control (not just register recall), with 
complete input and output mapping. This extensive MIDI control allows a degree of 
precision, speed, and repeatability previously unattainable in a digital effects unit 

Sampling and Effects — Separately and Together 

Stereo or mono sound sources can be recorded into the ADR's memory and 
edited internally. Up to 8 seconds of sound memory is available, using the highest 
quality 16-bit 32-kHz PCM techniques, and this memory can be divided up into as 
many as four completely independent sections 

A particularly useful innovation of the ADR 6SK is the ability to replay 
samples in memory and process them in reverb or effects algorithms concurrently 
(simultaneously), all internally with no external mixing or looping necessary. 
Moreover, the internal samples can be mixed with external sound sources before 
being sent to the processor. For example, a sampled snare drum can be mixed with 
•mother percussive source (perhaps using the percussive source as the trigger for i in- 
sampled snare drum) and reverberated. Finally, digital mixers at Hie processor 
output can mix in a dry portion of the sampled sound as wdl — all before the 
signals leave the ADR 6SK. 
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Another way to use the ADR bSK's concurrent-program capability is to split I hr 
unit into two separate processors, such as two independent stereo reverbs, cadi 
l-in/2-out. But if bringing two stereo echo returns back to vour mixer is 
inconvenient, the ADR 6SK allows you to mix the two reverberators internally, 
along with the dry signals as well, into a single stereo output. Simply scroll to the 
Main Output Mixer page and use the mixing controls you’ll find there. 

As software for the ADR 6SK develops, there will be effects programs that will 
allow a number of "virlual" digital signal processors to be combined and adjusted 
cnncurrently. 

Sound Quality 

The ADR 68K conforms to a high standard of audio design, using compact-disc* 
quality 16-bit converters, coupled to quiet, high-slew rate op amps and well-behaved 
sample and hold circuits. Anti-aliasing and output fillers are 1 1 th-order low-ripple 
hybrid low-pass designs No pre-emphasis has been used, thus ensuring full 
bandwidth performance at high signal levels. A proprietary analog dither circuit is 
included to improve the ADC's linearity at low levels, so that the residual noise 
with small signals is always Gaussian. 

The digital signal processor retains 32-bit internal precision for most 
intermediate results, and uses lb-bit storage for other internal signals. Coefficients 
can be specified to a full 16 bits of resolution, enabling very accurate transfer 
functions, high-Q filtering, and long decay Umes. 

Fully Software-Based Signal Processing 

To ensure a long product life in today's era of rapid technological change, a 
product like the ADR 6SK must cast as little as possible of its processing power in the 
"concrete" of digital hardware. This means that the signal processor lias to be fully 
controlled by microcode of substantial width, coming completely from RAM, under 
control of the system microprocessor. In the ADR 6SK, not only the microcode, but 
all of the critical signal processor data (coefficients, delay offsets, sampling rate, etc.) 
t are sol t ware-based and therefore freely modifiable. The result is a general-purpose 
signal-processing computer with infinite room for growth. Ine ADR 6SK is truly a 
computing engine, a hardware bed. that will support a long future of sound- 

processing development. 
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Integrated System and Sound Software 

The ADR 68K is unique among digital effects units in that the software for the 
microprocessor that controls the system operation, and the software for the 
miCrproccssor that handles the actual signal processing, are totally integrated. In 
other systems this is not so, which inevitably leads to several limitations. 


In other units, the inflexibility of the original operating system eventually 
imposes a limit on how far the effects software can be improved and expanded. 

Some of the problems that comeback to haunt the manufacturers of some systems 
are inadequate displays, not enough controls, controls with painted-on labels, and 
internal hardware rigidity. Any of these can lead to an earlicr-than-ncccssary 
obsolesence of an expensive piece of equipment. 

The ADR tiSK, on the other hand, uses a large display with soft-labeled switches 
and slide controls that can be configured and used — in perhaps unanticipated ways 
over an extended lifetime. All of the ADR 6SK $ software resides in the 6SGIX) 
EPROM set. As additional sound programs arc developed, the operating and control 
software can be simultaneously updated and extended to harness the full potential ol 
the new programs. 

Reliability and Maintenance 

Today s audio products are sophisticated and complex, yet they must work day 
after day, sometimes in demanding environments. The ADR 68K has been designed 
to work hard and work long. For example, knowing that heat is the enemy of 
reliability, AKG s engineers used low power CMOS ICs wherever possible to keep 
power consumption to a minimum 

A detailed heat-transfer and convection airflow analysis led to a design that 
requires no noise- producing fan, yet keeps the internal circuitry comfortably cool. 

To accomplish tlxis, ventilation holes, TXT planes, and an internal baffle steer 
convection currents over the PC boards and out the top cover. Eschewing a 
switching power supply and its attendant noise and reliability problems, a simple, 
reliable linear power supply was incorporated. 

Furthermore, the major hent-producing components of the power supply — 
the transformer and 5-volt regulator — are mounted externally so that they radiate 
into the outside world, not into the internal circuitry. 
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The A DU 66K uses three main PC boards, each removable with hand tools and 
no soldering iron, allowing practical module-level field maintenance*- All IC's are 
socketed, making chip-level repair easy and non-destructive. 

Each unit is tested, bumed-in /or seven days, subjected to 15 minutes of 
vibration stress, and then completely re-tested. During burn-in, power is cycled on 
and off, and air flow is restricted, to subject the units to tougher conditions than they 
are ever likely to encounter in the field. 

Needless to say, all components are chosen lor high quality and ioi 
conservative ratings. 


) 
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Specifications 

Sampling Rate: 32kHz, for I5kl Iz bandwidth 

Conversion formal: True 16-bit linear PCM, for >S6dB dynamic range; utilizes dither 
for improved low level performance. 

Frequency Response: 2QHz- 15kHz, 40/-2dB In straight delay mode. 

Noise and Distortion. <0.03% total, 0.01 7c typical, in straight ddav mode, ©400 I Iz, 
tfi) operating level. 

filters: 1 1 Ih-order at both input and output. 

Internal Audio Memory: 256K 16-bit available for audio delay (8 seconds of sound). 
Internal Program Memory: holds 50 user and/or factory presets. Retention; 10 years 
estimated. J 

Data Cartridge: 64k, holds 50 user presets. Retention: 10 years estimated. 

Size; standard rack mount, two units high 19 x 3.5 x II" deco MS x S3 \ 33 cm), 
excluding XLR-connector protrusion. 

Weight: approximately 30 lbs (fully boxed ior shipment). 

Inputs: stereo, electronically balanced (differential amplifier). 1'in 2 iugh, Pin 3 low 
ancl Pin 1 ground. 

Input impedance: pin 2. IIKU pin 3. 21KEL 
Recommended source impedance £60 0O. 

Maximum source voltage before input stage overload: +17dBV (7Vnns). 
Minimum input for operation of display (© 100 Hz): -lOdBV l316Vrms). 
Sensitivity settings: -10, 0. +8, and -lSdBV, available bv jumper selection. 

Connectors: XLR-3 female. 

Outputs- two stereo pairs, active differentia! circuit. Pin 2 high. Pin 3 low. and Pin 1 
ground. 

Source resistance, pins 2 and 3: 100 ft. 

Minimum recommended load impedance: 600 12. 

Maximum output level: +17dBV nominal. 

Connectors: XLR-3 male. 

Power: 100. 120, 220, or 240VAC nominal voltage (selectable via Interna! switch), 50 or 

001 u. 

Minimum voltage: power supply maintains regulation to approximately S0% 
of the nominal setting. 

Maximum voltage: 130/260VAC. 

Power consumption: approximately 90 watts. 

Rower cord: detachable IEC standard. 

fuses All internal; two mains (US type 3AG, 5LO 131.0, 1.5A); one lor the 
+5VDC supply (US type SAC, SA). All supplies are current and power limited. 

Environment: 10-50° C. operating, 0-70° C stored. RH (relative humidity), up to 
95% non-condcnsing. 
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About Reverb 


[Reverberation is a term used to describe the effects of space on a sound. 
Acoustic space is n crucial component in human auditory perception — the human 
brain/ear "psychoacoustic" system is one of the most sophisticated in nature — and 
Con be as important in the way we perceive a sound as the nature of the sound itself. 

Strictly speaking, reverberation is only one of three types of sound information 
we hear when "processing" a space — but the word is also used to describe the 
overall phenomenon. The other components involved are direct sound and early 
reflections. 





Direct sound 
from the source, 
because it travels the 
shortest path from 
the source to the ear, 
arrives first. It is a 
"pure" sound, in 
that it has not been 

influenced by 

anything other than 
its source. It lasts 
only os long as the 
source continues to 
produce it. and its 

frequency response 

is relatively true to 

the original. 

Transients are 
transmitted 
faithfully. Direct 
sound is responsible 
for telling us the 

apparent source position of a sound, which is calculated by the brain/enr system 
using time and amplitude differences between the two ears as the sound arrives at 
them. 


Source Early Reflections Reverberation 
The Three Components of Reverberation 


Following immediately after the direct sound are the early reflections. The 
early reflections tell us quite a bit about the space the sound source is located in. The 
time of the first reflection shows the distance of the sound source from the nearest 
wall, as well as the distance between our ear and that wall. Subsequent reflections, 
which come increasingly closer together after the first one, define the position of the 
other surfaces. 
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Because all sound-refleclive surfaces absorb different frequencies to one decree 
or another, the frequency-response characteristics of the reflections will change 
depending on the nature of the surfaces: hard, flat walls reflect higher frequencies 
belter, while soiter, rougher surfaces absorb the higher frequencies and 
so will seem to reflect lower frequencies better. Air itsdf has some l\igh* frequency 
absorption characteristics, and so the later reflections will have less high-frequency 
content regardless of the nature of the space. 

1 he early reflections also lend to smear and fuse with the direct sound, due to 
Ihe "Haas effect", which causes us not to hear the reflections as distinct sounds, but 
rather as part of the original direct sound. The Influence the reflections have on the 
direct sound i$ to make it louder and more diffuse, giving it warmth and ambience, 
and actually making it "stereo", by placing it in a defined space. 

Before very long, the reflections come fast and furious enough that they blend 
together into one smooth, incoherent overall sound that outlasts the original source 
by a considerable length of time. This, strictly speaking, is what wc call reverberation. 
Iixcept in a very dry room, most of the energy a sound produces goes into making 
reverberation, and so unless we are very near the source, and therefore getting a 
liigh proportion of direct sound, most of what we hear in a music performance is 
reverberation. 

Reverberation has a frequency spectrum over time tlut looks like an increasin'* 
low-pass filler, as the high-frequency energy is gradually lost bv air and surface 
absorption. Again, the nature of the room surfaces will determine the frequency 
balance of the reverberated signal, while the size of the room, as well as its shape, 
surface materials, and the presence of any openings, will determine its overall 
length. The decay time of a reverberation signal is expressed as "RTgo", which is the 
lime the signal takes to fade down to 60 dB below its maximum level. 



Reverb decay as a function of frequency in a typical space 
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In recording and reinforcement situations, artificial reverberation is used to 
heighten a sound's sense of "reality", by adding warmth, depth, ambience, and 
spatial diffusion. Of course, arlifical reverberation can also be used to produce 
"unreal" effects, like shifting spaces; "double" rooms with more than one reverb 
characteristic; "gated" spaces with a long-sounding decay time at the beginning of the 
sound but a very short overall decay; or other types of acoustic spaces that would 
never exist in nature. 

One of the traditional ways reverberation is generated artificially is by electro- 
mechanical means: a transducer carrying the signal to be reverberated is attached to a 
device like a spring or metal plate, which is "excited" by the signal, and a 
complementary transducer is placed at the other end to pick up the reflections 
produced by the metal. Although a metal plate or spring cannot possibly have the 
same acoustic characteristics as a real room, these devices — especially when 
combined with dynamics and/or frequency processors — can do a creditable job of 
producing reverberation. Another way is to use an "acoustic chamber": a small, live 
room with a speaker at one end and a pair of microphones at the other. Although 
they represent an intrinsically much more natural-sounding approach to reverb, 
acoustic chambers are not always practical, especially where space is at a premium or 
complete acoustic isolation is difficult. 

With the advent of cheap microprocessors, however, the preferred method of 
producing reverb has become to use digital circuitry. With sophisticated hardware 
and software, digital reverbs can now achieve a sound quality and degree of control 
previously unattainable. Perhaps most importantly, units like the ADR 6SK, with 
their "open" hardware and software architecture, can reflect the changing needs and 
tastes of a volatile audio industry without ever becoming obsolete. 
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About Sampling 

Sampling, the purely electronic recording and playback of "real" sounds, has in 
recent years become one of the most powerful and popular tools in the recording 
engineers arsenal- Sampling consists of converting an analog signal to digital data, 
storing the data in memory (sometimes off-loading it onto a disk or other solid 
medium), and then on cue, reading it out from the memory and converting it back 
to analog. Depending on the type of device storing the samples, playback can be 
initialed with any of a number of triggers, including audio signals, control signals, or 
MIDI commands. 

In its simplest form, sampling is a one-step "write/ read" operation, in which 
the sound produced is unchanged from the sound recorded. Al its most complex, a 
sampling device can include facilities for editing the beginning and end of the 
recorded sound; changing its pitch (playback rale); setting of "loops", so that a 
portion of a sound can continue indefinitely; dynamic filtering, to impose 
synthesizer-like limbral changes; envelopeovcrljy, to change the dynamic 
characteristics of the original sound; and even mulll-limbral splicing or layering of 
more than one sample. 



Raw sample Edited sample 


As with all forms of digital audio, the quality and length of a sampled sound 
depend on the sampling rate; the number of bits in each sample; the characteristics 
of the fillers used on the analog-to-digital and digital-to-analog converters: and the 
amount of memory available. The Nyquist Theorem states that the sampling rate of 
n sound must be at least twice that of the highest frequency of the sound, so that if a 
sound is sampled at 20 kHz. none of its harmonic components above 10 kHz will be 
recorded. In practice, the upper frequency limit is always less than half of the 
sampling rate (or "Nyquist number") to allow for the action of the filters. The fillers 
are necessary to insure that no frequencies above the Nyquist number get into the 
converters, where they can cause mathematical errors, known as "aliasing". Because 
no filter has an infinite slope (although it can be very sleep), the usable audio 
bandwidth is necessarily reduced. 
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The number of bits in each sample determines the dynamic range A 16-bii 
sampler has a dynamic range of approximate 96 dB. The amount of available 
memory, divided by the sampling rate and the word length, determines the 
maximum length of the samples. A 16-bit sample, one second long, recorded at a rate 
of 40 kl iz , will fill 80,000 (eight-bit) bytes of RAM — about 7SK. 

Samples have many uses. There is a well-known story of a famous 70s rock 
group making an '80s "comeback" album who could not seem to get a good snare 
sound in the studio, so they sampled a snare shot from one of their old albums, and 
had it play on the track, triggered by the live snare. One successful English producer 
made a practice for a while (until it got to bediched) of including sampled 
"orchestral liils" — chords played by a full orchestra — on his rock records. Avant- 
garde and rap musicians love the "stuttering" effect produced by a triggering a 
Sum pie multiple times before it has a chance to play a!! the way through. 



Re- triggering a sample for the "stuttering" effect 


Samples can also be used lo enhance sounds being played on other 
instruments. A gong sample, for example, can be triggered by a cymbal crash, but 
1 only when the cymbal is played at a certain volume. A scream can be added lo a 
guitar passage when the guitar reaches a specified pitch. In the world of jingles, 
samplers can be used to store vocal passages, phrases, or "logos", which can then be 
repeated and inserted into a mix much more easily and accurately than they can if 
they were on a separate piece of tape. 

Because the technology is relatively new, many of the potential uses for 
sampling have not been thought up yet. We hope the ADR 6SK will make high- 
quality sampling simple enough for users to come up with many unique and 
exciting applications. 
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About MIDI 


MIDI, the Musical Instrument Digital Interlace, was introduced m June, iyj>3, 
niter several years of research and discussions by a consortium of Japanese and 
American music-hardware manufacturers. As a communcia lions standard for use 
among sound generators, processors, computers, and other music-related electronic 
devices, it has met with great success, and it is now in wide use in live performance, 
music recording, and film and video sound production. 

What it is 

MIDI is a digital data stream consisting of 10 bit bvtes, with a data rate of 31 ,250 
bits per second A MIDI command or “message" consists of two or more bytes, and 
the definition of each command is set by MIDI Specification 1.0. All MIDI-equipped 
devices respond to MID! messages in essentially tlie same way 

Originally, MIDI’s primary use was to gel sound-generating devices 
(synthesizers) to “talk" to each other, by means of specific digital commands for 
turning on and off notes, moving real-time controllers like pedals and wheels, and 
changing programs (or “patches"). More recently, MIDI capability has been 
developed for sound-processing equipment including digital delays and reverbs, 
samplers, mixers, and equalizers; studio gear like tape recorder locators; and even 
lighting equipment. 

The most common generator of MIDI data is a musical keyboard — either one 
built into a synthesizer, or a "dedicated" keyboard not associated with a synthesizer; 
but this too is changing, as MIDI guitars, drums, vibraphones, wind instruments, 
and other devices are developed, as well as computer programs that can generate 
MIDI data all by themselves. 

MIDI is not music — it is a digital desorption of “events" that have musical 
meaning By itself it has no sound, and it cannot be recorded on standard audio tape. 
It can, however, be recorded by a device known as a "sequencer". A sequencer, which 
remembers MIDI data and allows it to be edited and played back much as a tape 
machine records music, can be built into a synthesizer, or it can be a dedicated stand- 
alone unit, or it can be a computer equipped with a MIDI interface and appropriate 
soflware. 
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MIDI cumiecturs 

Most MIDI equipment has three five-pin DIN plugs marked 'In", "Out", and 
"Thru". The "MIDI In" jack accepts data from an outside source, such as a keyboard 
or sequencer. Tire "MIDI Our jack sends data generated by the unit itself Data 
coming into "In" jack also appears at the "MIDI Thru" jack, usually without 
modification, 

The "Thru" function is important because, unlike audio signals, MIDI signals 
cannot be split with a simple "Y" connector. If the output of a MIDI source is to feed 
l wo different devices, the data stream must be "daisy-drained", by first feeding one 
unit's "In" jack, and then connecting the 'Thru" jack to the second unit's "In" jack. 

An alternative is to use a splitting device, known as a ‘Thru box". 

The opposite problem — in which the output from two devices is lo feed one 
input — can be solved with a "MIDI mixer” (not lo be confused with a "MIDl- 
contTolled mixer", which is an audio mixer that responds to MIDI data). Some MIDI 
devices, like keyboards or drum pads, offer mixing capabilities in the form of a 
"merge" function, in wliidt the MIDI data coming into the "In” jack is combined at 
the 'Thru" jack with the data being generated bv the device itself. 

MIDI messages 

Channels and modes: The MIDI specification allows for 16 discrete data channels 
on one MIDI line. It also describes four "modes", or stales, for equipment that 
receives MIDI data. These are "Omni On/ Poly". "Omni Off/ Poly", "Omni 
On/Mono”, and "Omni Off/Mono" The last two arespcaal modes for synthesizers 
capable of playing multiple timbres. 

When a device is set to "Omni On", it will read and respond to all MIDI data 
being sent lo it, regardless of which channel it is being sent on. With "Omni Off", the 
device will respond only to data on one specific MIDI channel (or in the Mono 
mode, several specific channels), and will ignore the rest. Therefore. 16 different 
devices, each with Omni Off and each reading a different channel, can be sent 
j separate MIDI instructions over the same data line. 

Notc-ons and -offs: These are the most common MIDI messages, and generally 
correspond to the pressing and releasing of keys on a synthesizer. Each note 
command is followed by a "velocity" value, which refers to how quickly (almost the 
same, but not quite, as how hard ) the kev is pressed or released. The range of notes is 
ten octaves plus a perfect fifth, and they are numbered 0 lo 127, with 60 generally 
corresponding to Middle "C". Velocity values similarly range from 0 lo 127. A special 
provision ol the MIDI specification allows a note-on command with 0 velocity lo 
substitute for a note-off command 
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Controllers. These refer to "real-time" controllers, which can either be simple uii- 
off switches, such as a sustain pedal, or "continuous", such as a modulation wheel, a 
volume pedal, or a breath controller. Keyboard afleriouch, the pressure on a key after 
it is played, fits into the latter category as well. Controllers have an identifying 
number (from 0 to 127), and an immediate value (also from 0 to 127) Controller 
values are absolute — they define the position of a switch or wheel, not its relative 
movement Many controllers, such as pitch bend, aftertouch, modulation deplh, and 
sustain, are "pre-assigned" in the MIDI specification, but the majority arc r.oL Each 
MIDI channel can have its own full complement of controllers. 

Controllers expand the expressive capabilities of MIDI significantly, but suffer 
Irom one serious drawback. They often generate data very densely, a simple motion 
of a pilch-bend wheel can produce 12S consecutive messages in a small fraction of a 
second. Because the bandwidth of MIDI is finite, it is possible to "choke" the MIDI 
data stream with excessive controller movements. This results In the data 
momentarily slowing down, and instruments’ responses being delayed, which can 
lead to audible "hiccups", especially in highly rhythmic multi-channel 
performances. There are various solutions to this problem In theory, but the must 
practical one is to use controllers sparingly in such a situation 


Program changes: These messages generally instruct a synthesizer to change 
"patches" — to go from one type of sound to another or a processor to change 
from one type of processing program to another. They are also used in some MIDI- 
controlled audio mixers to change the mixer from one "state" lo another. 

System Exclusive: These messages contain a "header" with a specific 
identification code exclusive to a specific MIDI device. Each manufacturer of MIDI 
equipment is assigned its own ID code by the MIDI Manufacturers Association, and 
many manufacturers then develop their own "sub-IDs" to distinguish between the 
various models in their line. When a pica* of hardware receives a system-exclusive 
message containing its ID code, it responds. If the message contains a different ID 
code, it is ignored. 

System-exclusive messages aic most often used for transferring complete 
descriptions of patches (as opposed to a patch number, which is a single integer) or 
even banks of patclves, between identical synthesizers or between a synthesizer and a 
storage device, such as a computer. A description of a patch con consist of several 
hundred separate parameters, and a bank of patches can contain 12S such 
descriptions. Therefore these messages are rarely sent in real time as part of a 
performance. However, svstcm-exclusive messages can also be sent in small 
amounts, to change a single parameter in a patch, and these can theoretically be used 
in real time. Few sequencers, however, allow recording and/or editing of system 
exclusive messages, and many synthesizers will "glitch" if they receive them while 
they are actually playing. 
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Locnl Control. The local control function allows a MIDI instrument to de-couple 
its keyboard (and on-board controllers) from its sound-generating circuitry. Tliis 
allows the keyboard to be used to control another device, while it makes no sound 
itself. However, the sound-generating part of the synthesizer can be controlled from 
a remote device, such as an external sequencer. With “Local Control On", an 
instrument will play itself. With "Local Control Off', it will noL 

1 lie advantage of this feature is in a multi-synthesizer sequencing system, in 
which one keyboard serves as a master. When a track is being recorded for a 
synthesizer other than the master, it is less confusing if the master synthesizer is not 
sounding at the same time. 


Other commands: 1 he MIDI specification includes several other commands such 
as System Reset, Tune Request, Pointers, MIDI Time Code, and Sync, which need uqL 
concern us here. They are used in large automated setups and computer- or 
sequencer- based studios. 

More information on MIDI can be obtained from the International MIDI 
Association, 1 1S57 Hartsook Street. N' Hollywood, CA 91607. 
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Algorithm 

Aulo R)»t 

Bank 

Begin 


is an "rule" which defines how the ADR 6SK will interact with the 
outside world. Among other thing*, algorithms define a range of 
control functions, and a specific setting of those functions is called 
a Program or Preset (see). Programs that follow the same 
algorithm arc usually found within a single Bank (see), and 
behave somewhat similarly. When a Preset is displayed on the 
LCD. the name of the algorithm that it is associated with is 
displayed along with it.Thc ADR 6SK will have 50 or more presets, 
but only about a dozen algorithms. 


see Play mode 


is a group of numbered Registers (see) in which Programs or 
Presets (see) are stored. The ADR 68K*s internal memory is 
divided into six banks. Generally speaking, presets williin a bank 
are related to each other in some functional way. 

is used when editing samples in the sampler programs. The 
'Begin” value is the point williin the sample at which it will start 
playing when triggered. The value can be anywhere from 0 (the 
starting point of the sample as originally recorded) to the 
length of the segment. Both coarse- and fine-adjustment controls 
are provided. Sec Length. 



Os 0.482s 3.018s 4.0S 


Adjusting Begin and Length to edit a sample 
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Density 


Depth 


Diffusion 

(Diffus) 


refers to the concentration of echoes at the end of the reverb — 
the "tail". Using too low a value of Density will prevent the 
reverb from ever reaching an echo density high enough to blur 
impulse sounds into a swish of reverberation, and therefore will 
make the sound "lumpy". On the other hand, loo high a value, 
when used with vocal sounds or solo instrumental lines, tends to 
nuke them blurry and less intelligible. See also Diffusion. 


represents the apparent distance of the listening position from the 
apparent source in a hall. Urge values give the impression of 
being farther back in the hall, thereby hearing a more incoherent; 
more diffuse reverberation process. 


as opposed to Density, refers to the concentration of echoes at the 
beginning of the reverb. A Diffusion setting of 100 will give a very 
dense, incoherent reverb in which impulses spread into a ruslling, 
almost white noise kind of sound. 


Diffusion 
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Early Reflections in some programs, can be adjusted individually for time delay and 

level. Once the individual rejection levels are adjusted, the 
overall level of all the reflections can be set with die E-R's control 
of the Output Mixer page. In reverb programs with true stereo 
inputs, some reflections originate from the left input path, and 
others from the right input path. The reflections are then sent out 
in stereo as well, although there is some crossing of Ihe reflections 
from one channel to the other as Ihev are processed. 



Early Reflection 1 


Early Reflection 3 


Early Reflection 5 


Reverb 

Processor 


lo Right channel 


Lett 

Output 


Early Reflections 


Gated Reverb is a type of reverb which has two distinct characteristics. In 

common practice, a gated reverb program starts out sounding as If 
it has a very long decay time (RT60), but then it cuts off abruptly 
after the source signal is removed. It can also work Ihe other way, 
ltowever — sounds can start off with short decay limes, but as 
Ihey die down the decay time lengthens 

in the ADR 6SK, the two components of gated reverb are 
called "Running Reverb", which comprises the characteristics of 
the reverb while the input signal is present; and "Stopped 
Reverb", which are the reverb characteristics after the input level 
drops below a prescribed level (see Trig). In addition, after the 
Input signal drops below the Trig level, there is an adjustable 
amount of time before the Stopped Reverb "kicks in" — see 
StpDly. All of the reverb programs in the ADR 6SK can be gated. 

— see diagram next jvkv 
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Input 

Signal 


Reverb 

level 


Stoppea RT6Q 



Trig level 


Gated Reverb 


1 ip is the factor by which the reverb tune (KT60> is reduced for 

increased) from its mid-band value for frequencies above 
approximately 2 kHz. An RT60 of 3 seconds with HF Dcy factor of 
X0.2 implies a high-frequency decay time of 0.6s. In gated reverb 
modes, there is an HF Dcy for Running reverb, and another for 
Stopped reverb. See LF Dcy. 


HP is the comer frequency of a low-pass filter, generally at the input of 

the reverberator. Reducing the HF BW will give a more mellow 
sound. 
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Input Mixer is a software-con l roiled internal audio mixer which gives level 

control over tlit various sound sources (live inputs, stored 
samples, etc.) before they reach the reverberator. 



Typical Input Mixer 


Length like Begin (see), is used when editing samples in the sampler 

programs. The "Length" value is the amount of the original 
sample that will be played when il is triggered. The value can be 
anywhere from 0 to the original segment maximum. Both coarse- 
and fine-adjustment controls arc provided. If the Length is kept 
long enough, and the "Begin" value is made fairly high, the 
sample will "wrap around" when it is played, with the end of Iho 
original sample sounding first, followed by the beginning. 


Level is the adjustment from Off, or a minimum value, to OdB of the 

level of sounds — incoming, outgoing, or internal. 


LF Dcy is the factor by which the reverb lime (RT60) is reduced (or 

increased) from its mid-band value for frequencies below 
approximately 500 Hz. An RT60 of 3 seconds with LF Dcy factor of 
X0.2 implies a low-frequency decay time of 0.6s. In gated reverb 
modes, there is an LF Dcy for Running reverb, and another lor 
Stopped reverb. See 1 IF Dcy. 
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Output Mixers software-controlled interna! audio mixers that, in reverb 

programs, give control over the various sound sources before they 
reach the various ADR 6SK outputs. Separate mixers are available 
for the main and aux outputs. There are individual adjustments 
lor the early-reflections cluster ("E-R"), the reverb ("Rev'b"), and 
any samples in storage that are available to the reverb program. 
The samples, being mono sources, also have pan controls. 



Early reflections 


Left output 


Reverb 

processor 


Sample 1 ) 


nux outputs 


Sample 2 


Typical Output Mixer 


['lay Mode 
(Auto Rpl 
ON/orn 


In sampler programs, determines whether sample playback will be 
continuously looping or triggered. 


Play Trig in sampler programs, adjusts the threshold of input signal that 

will cause a stored sample to tv replayed. 


Pre-Delay (P’DIy) is a time delay given to a signal before it goes into the reverb 

processor. A PDly of 0 does not mean that the reverb begins 
immediately: there is always an inherent delay in I lie build-up of a 
reverb sound. The P’DIy does not apply to the Early Reflections. 
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also referred to as "Program", is a particular application of an 
algorithm. While ar, algorithm defines a range of control settings, 
a Preset defines a set of specific sellings. A preset also includes 
MIDI assignments and perhaps some system settings. Presets arc- 
stored in numbered Registers, which are grouped together in 
Banks, either in Internal memory or on the data Cartridge. 


Randomization is an effect used within some reverb programs to smooth out the 

(Random) end of live reveib the "lail" — and make il la^> repel: Licuo. The* 

feature uses multiple taps within the reverb, and moves them 
back and forth in time, with a low-frequency oscillator. 


Record Mode in sampler programs, sets up record readiness. When this control 

(Safety ON/OIT) is ON. recording cannot begin, so stored samples are kepi safe. 

When it is OFF, recording can begin. 


Register is a numbered location referring lo a portion ot memory. Internal 

or Cartridge, where a user or factor)’ Preset cal', be stored. 


Running Reverb is the reverberation heard in a gated reverb program while the 

source sound is still present. Il is also the only reverb in a gated 
program in which the gate has been disabled (Trig set to OFF). Sec 
Gated Reverb and Stopped Reverb. 


««60 


is the formal name for reverberation decay time. It is the time it 
takes for reverberation to drop 60dB from its running reverb 
sound level. In gated reverb programs, there is an RT60 for 
running reverb, and another for stopped reverb. 


Safety 


see Record Mode 


Samp Samp2, refers lo the level of the stored sample(s) as they are mixed inlo 
etc. the input or output mixer when they ore being replayed. 
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Sample Trig 


sets up the method, if any. t»y which a stored sample will be 
commanded to be played. Triggering may be Manual, using the 
appropriate Soft Button on the ADR 68K remote unit; it may be 
controlled by an external foolswitch plugged into one of ‘die 1/4- 
inch jacks on the remote; or it may be automatic, initialed by a 
circuit sensing the level of the input signal coming into one or 
both audio inputs. The sensitivity for automatic triggering can be 
set anywhere from a very low value, such as -40dB — in which 
case almost any sound coming into the input will cause the 
sample to be played — up to a high value, such as OdB — in which 
case only very loud sounds will trigger the sample. 


Size is a relative measure of the size of the space being simulated by a 

reverb program, expressed in percent. It is a fairly complex 
parameter, affecting several different aspects of the reverb 
simultaneously. Put simply, for a given RT60, a higher Size value 

decreases the density of the reflections within the reverb, while a 
lower value increases the density. The maximum and minimum 
RT60s that can beset for a particular preset will depend on the 
value of llur Size parameter in that preset. 


Slopped Reverb is reverberation heard in a galed reverb program alter the source 

signal level has dropped below Ihc Trig level, and after l he StpDlv 
interval has passed. See Gated Reverb and Running Reverb. 


SlpDly 


in a gated reverb program, is the amount of time alter the source 
signal drops below the Trig threshold level and before the Slopped 
Reverb takes over. It is adjustable from almost instantaneous to 
several seconds. See Galed Reverb. 


is a "threshold" setting, used in gated reverb progrants. The Trig 
level, adjustable over a wide range, is the level of input signal 
which will "kick" the program into its Running Reverb state. 
When the input level drops below the Trig level, the program can 
go into its Stopped Reverb state. When the Trig level is set to OFF, 
the program will remain in the Running Reverb stale at all times. 
(See also Play Trig and Sample Trig.) 
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Installing New Software Versions 

One of the ADR 6$K's most important features is its upgradnbilily. As new 
algorithms and configurations of the system are developed, they will be coded into 
EPROMs and sent to every ADR 6SK owner for field installation. This way, every 
owner can be assured that he or she has the latest operating version. 

Note: Every tunc you are issued a software upgrade, you will also be given a 
sel of instructions as lo how to install the new software. This is because the 
procedure way change as the ADR 6SK evolves as a product. For convenience , the 
procedure as of the initial release of the ADR 6SK is detailed here, but you should 
chec/t the instructions that come with your upgrade before going ahead 

The installation procedure can be handled by any competent technician, but it 
still requires care. The terms of the warranty state that A KG will not be responsible 
for repairing any damage done by Improper installation of software EPROMs. 

before you start, verify that the upgrade kit you have is complete, with all 
EPROM's, new sections of this Owner’s Manual, and instructions. The instructions 
Will probably call for you to have the following tools on hand: 

1. PltiUps screwdriver, size #1, 

2. Small regular-bladcd screwdriver, blade width about 1 /S" to 3/16" (3-4. 5mm) 

3. 1C extractor tool. 

4. Pair of needle-nose pliers. 


Read the instructions that come with llu* new software to see if you will have 
to perform a System Reset or Cold Reset after replacing the EPROM’s. You may also 
have to make copies of your presets in a data cartridge to be sure that none are lost 
during this procedure. 
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WARNING! There a re dangerous voltages preset:: inside the ADR 6SK which 
present a /iiizrtrci when operating the unit with either cover removed. Be sure to 
restore the covers before operating the unit as you perforin these tests and inspection 
procedures. 

To install the new software, proceed as follows: 

1 . Unplug the AC line cord from the rear of the ADR 68K 

2. Remove 1 lie 1 1 screws holding the top cover in place. 

3. Set the cover and screws safely aside. 

A. Place the unit on a bench covered with a non-scratch antistatic mat. 
Orient the ADR 6SK right side up, with its front pane! toward your stomach 

5. locate the 66000 microprocessor area. It's toward the front, with a 64- 
pin IC and six nearby sockets tor 28-pin EPROM ICs. Four or more of these 
sockets will already have software EPROMs in them, each with a label such as 
"2 01" and "0" on it. 

6. Note that each of these EPROM's is installed with its pin 1 end (the end 
with the notch or dot) toward the rear of the ADR 6SK. You will need to install 

l he new parts with the same orientation 


program EPROMs 
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7. Remove Ihe EPROM’s using one ol ihe following methods: 

a) If your mainframe serial number is 1-75, Ihe EPROMs will be in 
special sockets with a small tab or lever at the pin 1 end. Place the tip of the small 
screwdriver down in the slot )ust underneath this tab and use it gently as a lever to 
push the tab in the direction of the front panel until it dicks softly. Do not use the 
screwdriver as a lever to pry upward on ihe tab or the 1C — this will break the 
socket! Do not force the tab, as excessive force can break it. 

You should now be able to remove 
Ihe EPROM easily, taking care no! to bend 
the leads as you do so. (If the little tab 
breaks, get your 1C extractor out an J go to 
the next paragraph.) 



push forward 


* 


lljnn_nrwTjT^ 


b) If your mainframe serial number is 76 or higher, the EPROMs will 

be in conventional sockets. Place the 1C extractor jaws under the pin 1 and opposite 
ends and lift the 1C straight up and out ol t!\o socket. Use care to pull evenly so that 
the EPROM pins are all removed at once 

c) Set the EPROMs aside on a piece of conducive foam. 

8. Now you can install the new EPROMs. The rest of these instructions apply 
no matter regardless of your mainframe serial number. Take the "0" EPROM front 
its foam mat and inspect the pins. They should all be perpendicular to the body, not 
splayed outward, and in an even row on each side ll not, gently straighten them. If 
they’re all splayed outward, you car. bend them all at once by placing the EPROM on 
a tabic surface and gently pressing. If a few are uneven, use the needle nose pliers to 
straighten them. 

Identify the 1C end with pm 1. and locale the correct socket for tins "0" EPROM 
Carefully position the 1C with the pin I end toward the roar of the unit. Be very 
careful about the pin l orientation. If you put the 1C in backwards it will be destroyed 
when you power up your ADR 6SK! 

Mesh the pins of the 1C in the 2R pin socket, jiggling, squirming, looking very 
carefully to be sure that every pin is lined up and already part way in its hole of the 
socket. If you have a pin misaligned, so that it is aimed at a solid plastic area of the 
socket, it will be bent under or out when you push the EPROM in and Ihe unit will 
not work. 
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Now press down on the entire top surface of the EPROM, gently at first, then a 
link* bit more firmly if necessary, to seat the IC in the socket. There will be a 
reassuring "acrindi" sound as the IC is pressed home. Inspect carefully all 28 pins to 
be sure they liave gone into the socket, not been bent under or uulw.ud. 

Repeat this for each of the remaining EPROMs, taking care to put them in the 
correct sockets — the ADR 68K will not work if you scramble the EPROM locations. 

9. Reinstall the top cover and plug the power cord back in. De sure the remote 
is properly plugged in at each end. 

10. Turn on the power and follow any special instructions that come with the 
new software for resetting the system. 

1 1 . Replace the appropriate sections of lilts manual with the new versions that 
come with your EPROMs. That’s It! 
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Software-Related Problems 

Oui- software engineers have made every effort to ensure that there are no 
software ’ bugs" in your ADR 6SK. 1 Iowever, no software should ever be confidently 
described as bug-free. Software engineers are known to cautiously intone the 
Statement "As of the present time, there are no known bugs " That is as close lo a 
guarantee as one can hope. 

The point is that it is not inconceivable that your ADR 6SK might someday 
' crash." with strange display, blank screen, unresponsive remote, etc If this 
happens, you will most likely be able to restore things to normal by using procedure 
described in the chapter on System Software, in the sections entitled System 
Functions, Reset arid Test (SYS), and Remote Self Test and Cold Reset. 

Hardware Problems 

The ADR 6SK is a complex, modern electronic system with two 
microprocessors and a dedicated high-speed digital signal processor. Although each 
unit is carefully tested and burned in at the factory, failures may occur. Because the 
failure modes are many and range from the simple to the complex, and because the 
availability of test equipment, service information, and trained technicians will vary 
greatly from location to location, it is impossible in these pages to present n thorough 
service manual. 

Therefore, whenever possible, we recommend returning your unit lo the bail 
denier, who will assist in obtaining the repair. 

However, ADR 6SK owners with conventional test equipment, a competent 
technician, and this manual will be able to make some tests and checks to see it there 
is a readily identifiable fault that can be repaired on the spot. We intend this section 
to give enough information to help with repairs only at this level- 

For owners with good digital test equipment and a well-trained technician, 
who may wish to perform more complex repairs themselves, a copy of the separate 
Service Manual is available from AKG. The Service Manual contains full 
schematics, theory of operation, parts list, and scope photos of key waveforms. 

NOTE: P lease make sure you know what you 're doing before you try to work 
on your ADR 68K. Under the terms of the tearranfy, AKG will not I* responsible for 
my damage caused Ly m unauthorized person or facility attempting to service the 

unit. 
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User Servicing 


Fuses and AC Supply 

U the unit is totally dead — no lights, doesri t get warm, and emits absolutely 
no sound (not even background noise) — there is probably no AC getting to the 
power transformer. Check the power cord at both ends for good contacts, and try 
another one if possible. Verify the electrical outlet by operating another piece of 
equipment from it. 

Next, check the two line fuses, at the tront edge of the PYVR-1 PC board, near 
the power switch). If the fuses appear to be OK. it is still a good idea to check them for 
Continuity with an olunmeter If one or both of the fuses are open, replace it with a 
(use of exactly the same type and value, replace the bottom cover, and try again. 

l /ILUE ARE DANGEROUS VOLTAGES PRESENT INSIDE THE ADR 68K WHICH 
PRESENT A HAZARD WHEN OPERATING THE UNIT WITH EITHER COVER 
REMOVED. BE SURE TO RESTORE THE COVERS BEFORE OPERATING THE 
UNIT AS YOU PERFORM THESE TESTS AND INSPECTION PROCEDURES. 

If the power cord, outlet, and 
I uses check out OK, remove the 
power cord from its connector at the 
rear of the ADR 6SK. Remove the 
bottom cover of the ADR 6SK (four 
screws one each side and two on the 
back) and locate the AC line line 
voltage selector switch In earlier 
units, this is a slide switch with 
positions 1 15 and 230, while in later 
units it is a rotary switch, with 
, positions labeled 100, 120, 220, and 
240. Fie sure the setting corresponds 
to the voltage in your country (if 
your line voltage falls between the 
values labeled on the switch, use 
the next highest voltage setting). 

Even if the setting appears tu be OK, 
move the switch back and forth in 
case it has moved and is silling in 
between sellings. 



voltage selector 
switch (serial «s 
1-50 only) 


power switch front of unit 
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Power Supply 

If the- ADR 68K seems warm, and there is residual circuit noise in the output, 
but no audio, check the fuse for the +5VDC supply. Remove the power cord from its 
connector at the rear of the ADR 68K. and then remove the bottom cover. Locate this 
fuse at the rear of the PWR-1 PC board, near the power transformer. Look closely for 
evidence that the fuse has opened. If it appears OK, use an ohmmeter to check for 
continuity, and replace if necessary, being sure to use exactly the same type. Reinstall 
the bottom cover, and try the ADR 6SK again. 

IMPORT At'ffl If you replace a fuse, you must use exactly the same type .wet value 
in order not to create a safety hazard. Replacing a fuse with a short sircuit may 
permanently damage the unit and/or cause a fire! 

Verifying Power Supplies 

If a fuse is not the problem, you can follow the steps below, using a scope or 
voltmeter, to measure the three power supply voltages, and also to verify the power 
wiring The internal wiring of the ADR 6i>K consists of wiring harnesses that 
connect the power transformer and AC connector to the PWR-1 board, as well as 
wiring carrying the regulated voltages from the PWR-1 board to the other circuit 
boards. The wire colors and connector pin-out are given on the schematic for the 
PWR-1 board at the end of this section. Since there is so little wiring in the ADR 68K. 
it's unlikely that wiring will cause a problem. Mote: the PWR-1 and ANA-3 boards 
are accessible by removing the bottom cover, while to get to the DSP-1 you must 
remove the top cover. 


1. Verify +5 volts by checking between pad IS and 15 on the PWR-1 PC board. The 
tolerance is 4.75 to 5.25 volts. 

2. Verify ♦IS volts by probing the wires of J 12 on the ANA-3 PC board. The tolerance 
is 14.25 to 15-75 volts. 

3. Verify -15 volts by probing the wires of J12 on the AM A-3 PC board. The tolerance 
Is 14.25 to 15.75 volts 

4. Verify +5 volts on the ANA-3 PC board, measuring at U100, where ground is at 
pin 10 and +5 is at pin 20. 

5. Verify +5 volts on the AM A 3 PC board, measuring at the test point near U120 

b. Remove the top cover, and verify +5V at a typical 20 pin IC on the DSP- 1 PC board, 
such as UK1, where ground is at pin 10 and o is at pm 20. 

7. Verily +15 on the DSP-1 board, at UA 10-14. 

$. Verify -15 on the DSP-1 board, at UA10-1. 

9. Verify +9 volts on the D5P-1 board, at ]9 pin 3. 
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Remote Unit 

If the display and/or controls on the* remote don't work normally, it's crucial to 
establish whether the remote or the mainframe is at fault. Ideally, if another ADR 
6SK is nearby, you can try a known good remote with your mainframe and isolate 
the failure to either your remote or your mainframe. The remote also has its own 
internal self test mode, which can be used even if the mainframe has serious 
problems (all the mainframe must provide in order to do this test is the -r9 volt and 
digital ground signals). Tins procedure is described in the diapler on System 
Software, and is mentioned here briefly for convenience: 

Turn the power off. Wait 5 seconds. 

Press and hold the Help button or. the remote. 

Turn the power on, still holding the I Iclp button. 

Select Remote Self Test from the menu. 

Try each button and slider and check the response on the display. 

It is normal for the display to read "COMMiFaiL" 

We do not recommend disassembly ol the remote due iu the delicate nature 
of the flexible circuit inside. 

General Troubleshooting Hints 

It's always a good idea to look a malfunctioning unit over carefully before 
sending it in for service. Look for the following: 

— Are all the connectors pushed all the way home? Tug gently on all the 
power wires where they enter connectors to see dial they’re secure. 

— Are the remote cable connectors pushed fully in? 

— If someone else has already tried to fix the unit, check that they've not 
removed any IC's, or failed to push them fully into the socket, or returned them to 
the wrong sockets, or iitserted them upside down, or with a pin bent under or 
.outside the socket. 

— Are there signs of severe mechanical stress, such as a broken PC board, or 
bent sheet metal? 

— If liquid has spilled in the machine, try to dean the boards and sockets to 
remove the residue. 

— Rf> sure the audio connections to and from the ADR 6SK are good. Try 
plugging the input connector of your cabie set into the output connector to verify the 
cables and associated equipment. 
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— Review tin.* audio cable wiring, and refer to the figures in the Owner’s. 
Manual mam section lo be Sure the cables are wired correctly. 

— Check thaL no pieces of metal or hardware have fallen into tiie mainframe 
or remote. Shake them and listen for rattles. 
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Servicing by AKG 

In the USA 

In the US, refer service questions first to your dealer If he cannot help you, 
contact Sen- ice Department, Digital Products Division, AKG Acoustics, 2 Calvin Rd , 
Watertown, MA 02171 

Oulside the USA 

In countries other than the United States, refer service questions first to your 
local Service Center, as listed below. If he cannot help, please contact the Service 
Manager, AKG Acoustics. Schanzstrasse 20. A-1150 Wien, Austria. 


ARC, HP* TINA: Magneto Sonora SRI, Corrientos 316-"Q-569, Buenos Aires 13M 

AUSTRALIA: AW A Amalgamated WtroUss (Australasia) Ltd AsWieid D:v., 1*0 Box 24, Asbftdd 
NSW. 213) 

BELGIUM: Inelco Belgium S A. Avenue 3 os Cro;\ do Cuorc,9J, B- 1 120 Brussels 
BOLIVIA: Fernando d’ Achiardi-Sehohnus. Casilla 274. L\ Par 

BRAZIL lnip.nlodwie.SA.POBox6JM.Av Or Abcahao Ribciro 740, CEP 0) 1 33 , Sao P aulo 

CANADA: Philips Electro: tic, L:d., Cti.~. turner SirvLc. t: : \ Iiincr A vc.. Scarborough , On tar.o N i < D 
IM« 

ClllLEc Imporiadora I’rov Ltda,CasU]a9!.Correo 111, Las Condos/San ha go dcGiiio 

COSTA RICA: Electronic Corporation, Apartado 10304. San Jose 

CYPRUS. Music-Sound A.G.Tiliiridcs, P08291, Limassol 

DENMARK: SC Sound APS, Malervej 2. DK-2AS' Taaxtrjp 

i:L SALVADOR: Radio Parts SA, POBox 1262. 4A Av Sur I25.Sar Salvador 

FINLAND: Norcs OY. TO Box 8S9. SF-lOt Helsinki 10 

FRANCE: Harmon France S. A., 33 Avo. du Marcciol do Lntrc dcTassigr.y, F-94 120Fontcnav-souv 
l*0t^ 

GERMANY (WEST): Akustiche u. KuuKk?rateGau)l I. Bodcnsecstrassc 226-230. D-SOOU. Munclcn W 
GREECE: AstcriaUls Nlcolaos, 54 TsLmiski SuGR-M6-23,ThcssaluiuLl T.T.ltt 
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GUATEMALA: Alnuccn Magne Mercantfl SA.9u, Av6-£-?6Zona 1, Guatemala City 
HOLLAND: Audioscr.pt B.V.. Postbus 82. NL-1230 Loosdrocht 
1 IONG KONG: The Radio People Ltd., 7/F News Buildup, t>3 3 Kmgs Road 
INDIA: I’oico Electron, & Electric Ltd, PO Box 6596 Bombay 400016 

ITALY: M.Casalu Bauer S.p.A., Via IV Novemhre 6-6, l-iOC57 Cadnano dl Gran arolo, Bologna 
JAMAICA: Stanley Mtr.ta Ltd.,rOB341, Kingston 

JAPAN: AKC of Japan Service Co, Ltd.. Room* Ji-3.Daixhi-Kanon B’dg.,2-12-1 Kha-Otsuka, 
Toshima-ku, Tokyo 

JORDAN: Zaki M. Nassar i: Deolher, I ’OB SOS. A:nrrun, 01 Stnx't S5 
KOREA: Young Nak Trading Co.. 1S2. Jansa Dong. Jor.gro ku, Seoul 
KUWAIT? Jupiter Trading Company. PO Box 24566. Safal 
KENYA Aeradio (K) Ud.. Rohenu I louse. Standard 5:. PO Box 462 15/.NAIR0B! 

LEBANON; Projects S.A.L., PO Box 1 1-S2S1, Befcut 

LUXEMBOURG: Beaulieu Luxembourg S A.R.L, Bode Postale 29, 2, Rue do Luxembourg, Petango 

MALAYSIA, WEST. Asia Sound Equipment (M) VTZ I.TD.SOJalan IfeusOff I’udu, 55100 Kuala 
Lampur 

MEXICO. Casa VeerkampS A. Meson es 21, Box M-S51, Mexico l D.J* 

NEW ZEALAND: AWA New Zealand Ltd.. PO Box 50-248. Porinia 
NIGERIA: David Hughes & Co. Ltd.. P.O. Box 4007, lkc>a 

NORWAY: J.M Faring Eloktronikk A/S, Nils Hansens Vci 3/7. FOB 101-Bryn, Oslo 6 
PANAMA. REPUBLIC OF Tropolco. Apartado&!66. Panama 7 

PAKISTAN: Pakwestrex Co. Ltd., Rm55.4th Floor. Ghaioor Chambers. Abdullah Haroon Ed., 

Kacadu 

PARAGUAY: Elcctromcasa S.R.L., CasUla dc Correo 66, Asuncion 

t 

PERU: Telewatt S.A., R. Rivera Navarrctc No. 797, San isidoeo/Lima 27 

PHILIPPINES: Avcom Electronics luc.,Mo:n:xo B.dg.. 2175 Pasong, Tamo, Makati, Metro Manilla 
PORTUGAL: Philips Portuguese SARL,Apartado 55. 2795 Linda- A-Vclna, Us'ooa 
SAUDI ARABIA: Said Bin Saad Trading Est.. PO Box 2316, Riyadh 1 1431 
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Shipping Instructions 


Should your ADR 68K require service, return it with .1 note, placed inside the 
carton on top of the unit, that tells us: 

1 . Exactly what's wrong — any symptoms you observed; how the unit is connected to 
oilier equipment; whether the problem is always present always or only 
intermittent; whether the unit was OK originally and then developed the problem. 

nr whether it was always defective. If the problem is intermittent, tdl us if it seeuus 
to depend upon mechanical shock and vibration, or if it seems to come and go with 
lime or temperature changes. If possible, include a cassette recording of the unit's 
sound when exhibiting the failure. 

2. When and where you purchased the unit and its serial number. Include a copv of 
your sales slip if possible. 

3. 'Ihe name and phone number of someone we can call it we have questions or 
difficulty duplicating your symptoms. 

•1. 'i he I nil name and street address we should use when returning the ur.il to you. 

3. When you need the unit back, and how you want it shipped. 

1 iopefully, you have saved the original carton and will n-use it when shipping 
to us. If not, you may ubrain another carton from us tor a nominal charge, or you 
may pack it yourself, if you pack tt in your own materials, be sure the ADR 6$K is 
completely surrounded by at least 3 inches of padding on all surfaces, and that the 
box is strong. Be sure to protect the mainframe front panel mounting cars, as they 
are especially vulnerable. 

Don’t return your power cord or manuals to us with your ADK 6SK. If you 
and/ or your dealer have determined positively that the fault is in either the remote 
nr the mainframe (by testing the remote with another mainframe, or the mainframe 
with another remote), but not both, then it is only necessary to return the defective 
unit. 


We recommend that you insure your ADR 6$K shipment to us. because it is 
otherwise completely uninsured against Jjmuge or loss, and we will not be 
responsible for any damages incurred in shipping. You must bear the cost of 
shipping to us even if the unit is still under warranty. 

If the unit is still under warranty, we will return it shipping prepaid alter we 
repair it. On out-of-warranty repairs in the United States, and some other countries, 
the; unit will be* relumed COD, for both slumping and service chargers. 
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As ul December. 1 98t>, the shipping address to use is: 

Digital Products Division 

A KG Acoustics, Inc. 

2<S Calvin Kd. 

Watertown MA 02172 
USA 

li you are returning a unit .» long Ume alter tlus date, it would be wise* io chcck 
with us to br sure that the address above is still current Our mailing 3i*.J telephone* 
addresses are; 

Digital Products Division 
A KG Acoustics, Inc 
2 Calvin Rd. 

Watertown, MA 02172 USA 
telephone: 617 924 7697 
telex: 921405 A KG DPD MA 

Warranty Information — USA 

A KG Acoustics. Digital Products Division, warrants AKC. products against 
defects in material or workmanship lor a period of one year from the date of original 
purchase for use, and agrees to repair or, at our option, replace any defective unit 
without charge for either parts or labor. 

IMPORTANT: This warrant)* does not cover damage resulting from accident, 
misuse or abuse, lack or reasonable care, the affixing of any attachment not provided 
with the product, loss of parts, or connecting the product to any but the specified 
receptacles. This warranty is void unless service or repairs arc performed at an 
authorized service center. 

No responsibility is assumed for any special, incidental or consequential 
damages. However, the limitation of any right or remedy shall not be effective 
where such is prolubited by law. 

Simply take or ship your A KG product prepaid to our service department. Be 
sure to include your sales slip as proof of purchase date, and be sure to insure it. (We 
Will not repair transit damage under the no-charge terms of this warranty). 

Tliis warranty gives you specific legal rights, and you may also have other 
rights which vary from state to stale. Some states do not allow* the exclusion or 
limitations of incidental or consequential damages or limitations on how long an 
implied warranty lasts, so the above exclusion and limitations may not apply to you. 
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Products ore sold on the basis of specifications applicable at the time of 
manufacture. AKG Acoustics, Inc., reserves the right to moke changes or 
improvements in the design of the mad line without obligation to make such 
changes or improvements in purchaser’s machine. 

Any out-of- warranty repairs are warranted against defects in materials and 
workmanship for a period of 90 days from date of service. 

Warranty Conditions — Countries other than the United Stales. 

AKG warrants AKG products against evident defects in material and 
vvorkmanslxip for a period of one year from the date of original purchase for use. 
This warranty does not cover damage resulting from misuse or abuse, or lack of 
reasonable care, and inadequate repairs performed by unauthorized service centers. 

Performance of repairs or replacements under this warranty is subject to 
submission of the Warranty Form at the front of this manual, completed and signed 
by the dealer or. the day of purchase, and the sales slip. Shipment of the defective 
item for repair under this warranty will be at the customer's own expense. Tills 
warranty is valid for the original purchaser only. 
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Theory of Operation 


I'or those of you interested in how the ADR 6SK works on a more basic level, 
we have provided some of the theory behind its design. Schematic diagrams for the 
following sections appear at the end of this Chapter. Schematics of oilier sections of 
(he ADR 6SK can be found in the Service Manual. 

Power Supply 

The PVVR-1 PC board holds three voltage-regulator circuits. U300 and U301 are 
fixed 15V regulators for the + and -15V supplies U3 is the +5V regulator, and is 
located on the rear pane! heat sink. U3 is followed bv a "crowbar" circuit \vl\ich 
detects nn overvoltage condition and, when found, clamps the +5V output line to 
digital ground. This blows the fuse F302, thus protecting the TTL IC’s and other logic 
parts from damage. C300 and C301 are actually MOV varistors that suppress fast, 

Ihort line- voltage transients. This board comes in two versions: sens! numbers 1-50, 
and serial numbers above 50. 

Analog Circuits 

The ANA-3 board handles all the analog input/output and analog-digital- 
analog conversion functions for the ADR-OSK. It processes two input channels, 
converting them to 16-blt PCM signals at a 32kHz sampling rate, and delivers lour 
corresponding outputs alter digital processing. 

Sheet I 

The XLR input jacks are received by an electronic, differential, transformerless 
op amp input stage, with low-pass RC filters for RF pickup suppression. U130, a 
programmable gain stage, follows, providing four input sensitivities, from -10 to 
+18dBV. Next, U140 provides aperture correction, which is a slight high-frequency 
j70ost to correct for hf rolloff of the output sample-and-holds. Hybrid 15kHz low-pass 
anti-aliasing filters follow, leading via an analog switch into U13S, a buffer and 
voltage gain stage. (An alternate path around tlu. aperture-correction stage and 

15kllz low pass filter can be selected by the ADR6SK operating software when full 
20kHz bandwidth is desired). 

U124, a digital white noise generator 1C, feeds a high-Q bandpass filter, shaping 
the noise to a very narrow band signal centered at 16kHz (alternately, at 21kHz under 
software control). This is greatly attenuated and applied to U13S to serve a* a dither 
signal lor the analog-to-digita! converter. 
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Sheet 2 


1 he (our sample-and-hold outputs serviced by the DAC are filtered by M100- 
IU3 to eliminate the sampling rate and sigail sidebands. Tire filter outputs feed an 
analog switch and gain stage (alternately, the filters can be switched out under 

f co " 1 ™ 1 ,or 20kl lz Pf iomrance). Finally, the four XI.K output jacks are fed 

ro111 ac hve clulerential, transformerless op amp output slaves. 

Sheet 3 

Iticoming signals tram Sheet 1 Lin and Rin arc fed to sample-and-hnlds and a 

se 1 ,s l Xn 'm ■ « U ', 34 - Ul34 ’ 3n ana '° 8 S ' V ' ,ch - iS a n ’ u “ip‘^er that 

f0r ' i "' ll0 8- |0 -digital conversion The U13-5 
output enters the DAC which performs a 16-bit successive approximation 

S‘ lm , S e Q 101 * 1 he clam P shorts the conversion node briefly after each bit lest to 
speed up conversion, while Q101 makes up extra gain needed by the comparator. 

rceiJr’^nr'^am,^ !f Ut tr CMI 'S u ‘ dl * lhc successive appro*!, nation 

SS aI- through the tests, and U136 and UI31 buffer the conversion 
RVtm ™ ADC bus st:U lo lhe Q, S“ al si 8=' al processor. A clamp offset control, 
L ’ 15 ** ! or !!", m ; uul S "°«c«nJ distortion, while the ADC oiiset control, 

RV HU , is set to slightly oft center scale to control idle channel noise. 

Sheet 4 

bv L-lOO^nH mno l ° IT 5 T SiSnd pro6cssor ' DACU * 15 ' ^ buffered 
L . 100 ? : , L105 and *PPl»ed to the 16-bit DAC This is a current-output DAC 

which is buffered by U102 and applied to four sample-and-hold circuits which also 

aa as demultiplexers, separating the four output channels. 

Sheet 5 


inrl r ,' 1 * re ? four ^ il ; complentmtary-oulput D flip-ilnp roisters receive 12 timing 
a ml control signals from the DSP-1 board and deglilch and regenerate them with 

OT Uif "" lhC ANVV3 ' The > 3re docked by the signal TIM CLK2 ai 
SMI lz. 11120 develops a local, clean +5V supply for use on this board, and other 
decoupling circuits decouple the 15V power supplies. 
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Introduction 


Tliis chapter will deal with basic operation of the ADR 68K under the current 
sort ware. It will describe the structure of ftlie software, show you how to use many of 
the controls, and other general operational topics. 7 

• k «..i i t ^ i i • • i the reverb and effects programs is contained in the 

.\uxt ^ hapter, while using the samplers is covered in Chapter 6, and controlling the 
unit with MIDI is covered in Chapter 7. ° 

Remember that the ADR o6K s operating system is entirely In software. This 
n terms it is upgradable, and in fact will change at even the most basic levels as the 
product evolves and new ways of using it are developed. As these changes take 
place, you will be supplied with new versions of this chapter of the manual, as well 
as those other chapters and appendices that are affected 


Algorithms, Presets, Banks, and Registers 

An algorithm, in general parlance, is a rule lhal is followed to accomplish 
.some Junction. In the ADR 68K, the definition of an algorithm is a little more 
invol ved than that. First, it is indeed a rule, written in microcode and programmed 
into the system EPROM, for dealing with audio signals and other information 

coming into the unit. 


More than that, however, an algorithm in the ADR 68K also includes a set of 
control functions, including the layout of the controls and the pages, the rules for 
interpreting and displaying parameters, the organization of memory and function 
within the system, and the various ways that the system will interact with itself and 
the outside world. For example, an algorithm will not specify a specific control 
setting, e.g., decay time, but instead it will specify a range of settings, and will define 
now 'me user can adjust the setting. The algorithms are unchangable by the user — 

EPROM bUrned in '° System El ’ ROM and can only be altered by replacing the 
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A /'reset is defined as a specific way of using an algorithm. It is comprised of 
an algorithm and set of specific control settings within that algorithm, including 
operating parameters and perhaps some system settings. When a preset is called up 
on the ADR 68K, its name and the name of the algorithm associated with it appear 
on the display together. For example, the factory preset "Warm" uses the algorithm 
"Complex Plate"., and the two names appear on the LCD when the preset is called. 


Preset name 


Algorithm 


bank and register 


'Warn' 


Complex place Ui.lJ 

Running Beverc 

RT 60 LF Dcy HP Dcy HF Bw Size 
70a XI. 0 XI. Q 15 kHz 100% 


il] 


P’Dly 

200ns 


A preset is also sometimes referred to as a "program". Presets are completely 
definable by the user. While the ADR 68Ks software contains about a dozen 
I algorithms, a unit can hold 200 or more presets. 

Batiks are a way of orgaruzing the presets. The ADR 6SK has 1 1 banks. 
Generally speaking, presets within a bank share the same overall functions and 
sound-processing characteristics, which usually means they also use the same 
algorithm The banks are organized as follows:* 


Bank# Bank Name Sound Processing Character 


1 

2 

3 

4 

5 

6 
7 
& 

9 

10 
11 


Plate 

Chamber 

Room 

Hall 

Splits 

Sample 

Revers 

Multi 

Stereo 

Chorus 

DDL 


reverberation 

reverberation 

reverberation 

reverberation 

two independent processors 
samplers, including those used in other banks 
reverse reverb 
multi -effects 

stereo processing of mono inputs 
chorusing 

dual digital-delay lines 


Bach bank contains 50 registers, or individual preset locations. A preset is 
loaded, recalled, and edited by addressing its register location. 


Registers exist in three memories: Factory, internal, and Cartridge. A 
register number, when referred to in this manual or on the ADR 66K‘s display 
screen, shows which memory the register is in, which bank it is a member of,' and 
its number within that bank. For example: 
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"rS.7" means: 
"13 . 11 " means: 
"C5 . 3" means: 


The following diagram shows the relationship between algorithms, 
{.’resets, registers, banks, and memories. 



Factory banks 


Cartridge banks 


Internal banks 


BANK 3 S 


AKG provides a variety of presets at the lime of shipment. These are 
stored in system EPROM, where they will remain intact and unalterable. You car. 
recall the factory presets and edit them, and if you want to store the edited 
versions, you must do so in one of the Internal or Cartridge registers — you can t 
write to a Factory register. 


Each preset has a name as well as a register number Unlike the algorithm 
f names, preset names can be altered by the user. Names may be up to six characters 
long, and are assigned when storing a preset. Names of factory presets are in mixed 
upper- and lower-case letters (e.g. "Warm"), while user-named presets will be ail 
upper-case ("WARM2"). Note: It is possible to take a factory preset, alter it without 
changing its name, and then store it under the original name in a user register, but 
to avoid confusion this practice is not recommended 


Since most or all of the presets within any one of the ADR 8SK’s factory' 
memory banks reflect different uses of the same algorithm, it follow's that any 
preset within a specific factory bank can be reconfigured by movement of the 
sliders to any other preset within that bank (banks 5 and 6 being exceptions to this). 
Il is strongly suggested that, except under special conditions which will be 
discussed later, user presets be similarly organized, with all of the presets in a bank 
using llie same algorithm. 
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Note: Allhough each user bank can theoretically hold 50 presets, this Will 
almost certainly never happen. That's because the memory capacity of the ADR 
6SK is limited: a total of 50 presets can be stored in the internal memory and 
.mother 50 in the cartridge. 

Note: It's worth mentioning at this point that what this manual refers to 
as an "algorithm" is what in more traditional digital reverb and effects units is 
called a "program". However, in MIDI applications the word "program" is used to 
mean a set of control positions (a "preset" or "patch"). Because the ADR 68K is a 
MIDI-compatible device, we have decided to adopt the latter meaning of 
"program" in our documentation. However, in order to avoid confusion, we will 
use the word sparingly, and instead refer to sets of control settings as "presets" and 
the structures within which presets are built as "algorithms". 

Displaying the Presets in a Bank 

To display a menu of the presets in any of banks 1 through 5, press and 
hold the Shift button and press the appropriate bank button (e.g., "Shift-Plate"). 

You will see a display like this: 

Pl«t« 1.1 1.2 1-3 2-5 

CAR? “ — — — ~ 

INI — — — — — 

FACT Warn 5narGi.Sr.arG2 Kicx H;Hdu 


The second, third, and fourth lines show the names assigned to the first 5 
registers of the cartridge, internal, and factory memories. To see register tf’s higher 
Hum 5, scroll the display window rightward using the button. To scroll back, 
use the # V" button. You can jump to the first menu page from anywhere in the 
menu by pressing Shift-"*-", and you can jump to the last menu page by pressing 
5hift-"-»". To look at the menu for another bank, hold the shift button and press 
the button corresponding to the new bank. 

Banks 6 through 1 1 are accessed somewhat differently. First press "Shift- 
EFX", and a list of the banks will appear in the display: 

Select effects ^ 

bank: 

Banko Bank! Eank8Bank9 BanklOBankll 
SarrpleReversKuiti Stereo Chorus DDL 


Press the Soft Button (with the triangle inside it) underneath the bank 
that you wish to look at, and its menu will appear To look at the menu for 
another bank in the group, press "T" and the above display will reappear. 
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Calling up a Preset 

To call up a preset for use, first find its menu page by pressing Shift and 
the bank name, or Shift-EFX and the appropriate Soft Button. Then choose the 
memory type (CART, INT, or FACT) where the preset is located by pressing the 
first Soft Button or moving the first fader so that the indicator arrow at the left is 
pointing to the correct selection. Now press the Soft Button below the desired 
register. If you have called a FACTory preset, that preset will be immediately 
recalled. Its algorithm will be loaded (if necessary), the stored parameter values 
will be put into operation, and the display will change to show the first page of 
control parameters for that preset. 

if you have chosen an INTemal or CARTndge preset, the display will 
look like this: 



Complex Plate lii.lj 

41 Isee •f 

Clear 

Recall Save 



Press the Soft Button below the word "Recall'' to call the desired register 
(If you don’t see "Recall", you've chosen an empty register. Press the "T" key to get 
back to the bank menu.) 


If this seems like a fairly lengthy procedure just to change a preset, there is 
a much shorter way of doing it, i/ you know exactly which preset you want to 
change to. On the numeric keypad, press the bank number, the decimal point, and 
the register number of the preset you want The display will change to this: 

Quick Rogiacec Select: XNT 1.10 ^ 

Use CE or ^ to abort, Enter to recall. 

{Note: Type decimal point after bank 9 ) 

fact :nt cart Enter 


The memory type mdicated will be the same as the last memory you 
called up. If you want to change the memory type, press the appropriate Soft 
Button. 


When you’re set, press the "ENT' key on the numeric pad or the Soft 
Button under the word "Enter". If you make a mistake or change your mind before 
you press "ENT", press "BSP" and the last character you typed will be erased, or 
press "CE" or and the whole thing will be cancelled. (If you press a bank 
number and "ENT" without pressing a register number, you will call up the first 

Internal register in that bank. If that Internal register is empty, you xvill call the first 
Factory register.) 
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You can use this "Quick Register Select" function from any menu page, 
but when you get to the new preset, you will always be on Page 1 of the preset. 

When you recall a preset, the settings that you had active before recalling 
the preset are not lost — instead they are stored in a special register called tine Last 
register. We'll discuss this in a moment- 

Even Faster Recall of "Preferred" Presets 

No matter what the display is showing, if you push one of the bank 
buttons along the front edge of the remote, you will recall the preset in the first 
Internal register of the corresponding bank (e.g., pressing the Chamber button 
recalls 12.1). If that register is empty, you will recall the first Factory preset of the 
bank. 


The factory presets in the first registers are all good "general-purpose" 
programs. To take full advantage of this feature, it is recommended that any 
pieseis put in the first Internal registers also be good "general-purpose" programs. 

Note that this function only applies to the first six banks. Pressing the 
"EFX" button by itself will call register I (or F) 6.1. 

One possible use of this feature in the studio goes contrary to the 
recommendation of keeping user presets in the banks they originated from. If you 
have a mix which will be using several different presets (which may or may not 
use the same algorithm), load them into the " 1" positions of the first six internal 
banks That way. you can have immediate access to six different presets, regardless 
of which algorithm they use. 
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Changing Presets on the Fly — avoiding glitches 

All programmable effects units let you call up new programs from 
memory almost instantaneously, but with many devices doing so can have very 
strange results. Metallic glitches, unsavory pops, or gaping holes in the sound are 
some of the anomalies that switching programs in die middle of a piece of music 
can produce. 

The ADR68K has been designed to minimize these problems. A great 
many of the programs in the ADR 6SK, whether they are factor)*- or user-designed, 
can be switched among rapidly with almost no audible artifacts — the first 
program decays naturally, and the second starts its work immediately, resulting in 
a completely smooth overlap. Generally speaking, switching between two 
programs lliat use the same algorithm (i.e.. that are in the same bank — and being 
able to keep track of what's what is one good reason to group similar sounds in 
banks) will give the best results. If you switch between two programs that use 
different algorithms, there may be a momentary clearing of the internal memory 
before the second program takes over. However, the ADR 68K fills in the gap that 

is produced by quickly fading in a measure of dry signal, and then fading it out 

again as the second program starts to be heard. 

The quality of d\e transition will be the same no matter how die program 
change is effected: through die bank menus, from the numeric keypad, using die 
"preferred preset" function, or via MIDI. 
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Modifying Presets 


Scrolling through Pages 

All of the presets have a number of user-modifiable parameters. Groups 
or classes of related parameters are arranged together into display ''pages." A preset 
will have as many as eight pages, each page containing up to six parameters. The 
parameters have names, shown on the third line of the display, and are set to 
specific values, shown on the fourth line. To modify a preset, you must first move 
the display window to the appropriate page, and then locate the fader below the 
parameter you wish to change. A typical first-page display looks like this: 



Memory location* 

Factory/ Internal/ Cartridge 
bank, register 


Algorithm 


Prcse» name 

(Quote marks mean original 
has been modified) 


Mute engaged 


Cjcar engaged 
Display Page h 


more pages it ym 

press Page Right 


Parameter class 


Complex plate Cl.llUJia U 1 ■ 

Running Revarfa 

RT6C IS Dcy HF Dcy KT SVC Si se ?*Dly 
20a XI. 0 XI 0 15 kHz ICO* 200ms 


Warm' 


Individual ^ 
parameter names 


Current parameter values 


You can move or "scroll" the display window right and left through the 
various pages of parameters. A right arrow in the upper right of the display 
column, next to the page number, indicates the existence of more pages; use the 
button to scroll the display right to Page 2, Page 3, etc. You can continue 
scrolling right beyond the highest page and wrap around to Page 1. When you go lo 
Page 2 and beyond, you will see a left arrow appear next to the page number in the 
display; use the V" button to scroll back. When you gel to the last page used by 
that preset, the right arrow will disappear. 

You can also use Shift-"#-" to jump immediately back to Page 1, and Shift- 
to jump immediately to the last page in a preset. The 'V" and buttons 
have "auto-repear — if you press and hold one of them, the screen will keep 
scrolling in the appropriate direction. 
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Using Faders 

A parameter whose name appears on a page is adjusted by moving the 
lader control directly under its name. Watch the display and listen to the change in 
sound dial occurs until you've got the setting you want. As soon as you have 
made a modification in a preset that has been called from memory, the top line of 
the LCD display is changed, with quotation marks placed around the preset name, 
e.g., 'Sizzle'. 

It's important to know that when you first go to a page (or if you've just 
recalled a preset), the parameter values you see, which are the values in use, will 
probably not correspond to the present physical position of the faders. The ADR 
6SK knows this, and does not change any values until you physically take hold of a 
fader and move it. When you move the fader, die system software automatically 
and silently changes the value of the parameter associated with that fader to the 
value corresponding to the new fader position. The initial change may be slight, or 
it may be gross, depending on the original value and the fader position. Note that 
the parameter values entered by a fader normally correspond to die absolute 
position of the fader, not by relative movements or "nudges" of the slide control 
(an exception to this occurs when editing samples, which will be discussed in 
Chapter 6). 

Using Soft Buttons 

The Soft Duttons are used with menu and register functions, as described 
above, and certain system-level functions, which will be described later. They are 
also used to trigger samples within a reverb or effects program, and to perform 
certain oilier tasks within the Sampler presets themselves. See Chapter 6 for a full 
discussion. 

Note that in some contexts, the Soft Buttons have an "auto-repeat" 
function, which means if you hold one down, the parameter or other item it 
affects will keep changing. When you are using a Soft Button with the Shift key in 
auto-repeat mode to decrement a value, you can let go of the Shift key after you 
have pressed (and begun to hold) the Soft Button, and the value will keep 
decreasing. The auto-repeat function has an acceleration characteristic built in, so 
the longer you hold a button down, the faster the numbers will change. 
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The Current register and the Last register 

To help in editing programs, the ADR68K maintains two "invisible" 
registers: one for the preset currently running — the "Current” register — and one 
for the last preset you used before loading in the present one — the "l-ast register' 

When you call up a preset from a register, its contents are copied into the 
Current register, and from there control the machine operation. When you modify 
one or more parameters, these changes are remembered in the Cunent register, 
but not, of course, copied back into the source register. The quotation marks that 
appear around a preset name when you adjust a parameter are an indicator that 
the contents of the Current register are no longer identical to the contents of the 
source register. 

Whenever you recall a new preset, and thereby overwrite what is in the 
Current register, before the new preset is loaded in., the contents of the Current 
register are automatically copied into the Last register. This register can then be 
recalled by pressing the Last button. 

When you press the Last button, the ADR 65K swaps the contents of \hc 
Last and Current registers. You now hear whatever was most recently copied into 
the Last register, and have a safe copy of what you were hearing in the Last register. 
It's a little tricky to conceptualize, but remember that you are always hearing and 
seeing the values in the Current register. 

The Last register lets you quickly compare different versions of a preset 
while you are editing it. For example, if you have recalled a preset, say from a 
register called 'WARM." and modified in one or more ways, you can compare the 
new version with the original by recalling the original WARM" (using either the 
bank menu, the Quick Register Select, or — if it is in the .1 "preierred” position — 
the bank button). You haven’t lost your variation — it now resides in the Last 
register. 

To get the variation back, press Last Now the variation is in the Current 
register and the original is in the Last register. You can go back and forth between 
the two indefinitely, and can continue to change the program, constantly 
comparing it to the original if you wish. If you are worried about losing track of 
which is which, remember that whenever the modified version is operating, the 

register name will be in quotes. 

The Current register is always remembered when you shut off the ADR 
68 K, and its settings will come up when you him the unit back on. The Last 
register, however, is not remembered — when you power up, the Last register wul 
contain the contents of the Current register. 
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Storing Presets 

Once you have adjusted the parameters of a preset to your liking, you can 
store it in a register as a new preset. You should store the preset in the appropriate 
bank (the one the source program came from), but you can choose any register in 
either the Internal memory or Cartridge memory. You can either choose a new, 
empty register, or you can use a register that currently has another preset — if, for 
example, you had a favorite preset which you've just made better, and you don't 
mind losing the old version. 

Remember that when you store a preset, it is always the preset in the 
Current register that is being saved. 

This is how you store a preset in a register other than the last one called: 

Press Shift-Menu to get to the bank menu If necessary, use the lirst Soft 
Button or fader to select the correct memory type (Internal or Cartridge). II 
necessary, use the and V buttons to get to the screen with the register you 
would like to place the preset in. You will now see a display like this: 


Plate 1-1 1.2 1.3 1.4 

CART — — — — 

IN? — — “ — 

FACT Warn Sr.arelSr.are2 Kick 


HiHat 


Press the Soft Button below the target register. If you choose an empty 
register, you will get this display: 

Eaipty Register [11.15; 41 Free ^ 


Save 


It the register already has a program in it, you will see these options: 


Regg-w, Conplex Plate [21.14] 

41 freef 

Clear Recall Save 



Either way, you can now save the current program by pressing Save. If 
you want to get back to the menu, you can press (The other options are to 
Recall the preset whose register you have chosen [if there is one] or Clear [empty 
out] tliat register.) 
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Naming Presets 

If you choose Save, you will get this screen: 


Reggae, Corepiex Plate t-i-4 
?ABCCEFGHUKLMNOPQRS'T , JWi , XY201 23*156789 . 1- 


SrfVe 


If you press Save from this screen right away, the preset will be saved into 
the chosen register with the original name. If you want to change the name, move 
the first fader The original name will disappear from the display and a letter 
corresponding to the position of the fader will appear in the first space instead. At 
the same time, the cursor underneath the "alphabet" will move horizontally, 
showing you which letter you have chosen. If the fader moves the cursor too fast 
for your liking, you can increment the letter by using the Soft Button underneath 
the double-headed arrow. Pressing the button moves the cursor one letter to the 
right, and pressing Shift and the Soft Button moves it to the left. 

When you have the first letter, press the "ENT" button, and move the 
first fader again to choose a letter for the second space. Keep going until you have 
spelled out the name you want. You don’t have to fill all six spaces. You can edit 
what you've done by pressing "BSP", which resets the last letter you've cliosen, or 
by pressing "CE", which clears out all the letters. When you have the name you 
want, press the Soft Button under Save, and you will save the preset under the 
new name, Once again, the "T" button will let you leave this menu without taking 
any action. 

Fast Storage — the Set function 

There's a second method for storing a preset, which is very useful if you 
have just tweaked an existing preset and want to leave it in the register it 
originally came from, with the same name (thereby erasing the original version). 
Pressing the "Set" button (Shift-Last) takes the Current register (i.e.. die program 
currently operating) and copies it into the source register it came from, without 
changing its name. 

For obvious reasons, this function will not work with a preset m a Factor)' 

bank. 
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Other Control Functions 

LCD Viewing Angle (VIEW UP, VIEW DN) 

You can optimize the LCD character display tor best readability from your 
viewing position. Press Shift-T ('View Up") to improve readability from a viewing 
angle overhead or from the rear. Press Shift-i- ('View Dn") for better viewing from 
the front. The new setting is remembered in nonvolatile internal RAM of the ADR 
68K mainframe until you again change it. 

Input Mute (MUTE) 

Tins button at the front left edge of the remote allows you to "insert" a mute 
directly after the ADR 68K’s input ADC, before the processor. As long as Mute is 
"on", no new sound can reach the processor; however, any sound already echoing or 
reverberating in the processor is not affected, and will continue to be audible as 
before. 

Mute can be used in an immediate, momentary fashion by simply pressing and 
holding Ihe button, or it can be "latched" on by pressing Shift-Mute To unlatch it. 
press Mute again. When Mute is on, a reverse video character "M" appears toward 
the end of the first line of the display. 

Mute can be used in a number ut ways. If a sound is being processed with a 
reverb with a long decay time, turning Mute on allows the reverberating sound to be 
heard all by itself as it continues to die out. This can be nice at the end of a musical 
phrase, or as a special effect. 

If a really large (or infinite) decay time is being used. Mute can be used to open 
and close the input audio path, allowing new sound to be layered on top of the 
previously entered sound still held in the reverberation memory. In fact, when 
running with an infinite decay time, you should turn Mute on and leave it there 
until you want to "layer" or overdub another sound into the memory. This prevents 
any residual noise from the external source or the unit's own ADC from piling up 
continuously. When you want to add another layer, lum Mule off, add the sound, 
and then latch Mute back on. 

Mute operates in a special way with presets that use gated reverb. If Mute is on 
in such a program, then the gate function will be disabled and the decay lime values 
of the stopped reoerb page will be operational at ail times. The gate will open in 
response to changes in input level only after Mute is turned off. See the next chapter 
for a detailed discussion of gated reverb. 

Mute will also turn off any samples that are playing within a reverb or effects 
program, treating them as if they were input signals. In a Sampler preset. Mute 
disables the audio feed from the inputs to the samplers. 
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Reverb Clear (CLR) 

Clear is basically the inverse of Mute. When you press Clear, the audio input 
path stays connected to the reverb or effects processor, but internally a decay time of 
zero is forced into the reverb RT6Q parameter. Any old reverberating sound is 
"flushed" out or dumped from audio memory, clearing the way for new reverberant 
sound to build up as soon as the Clear button is released. Like Mute, Clear can be 
used in an immediate, momentary fashion by simply pressing and holding the 
button, or it can be latched on by pressing Shift-Clear. When Clear is on, a reverse 
video character "C" turns on toward the end of the first line of the display. 

In reverb and effects programs that use samples, pressing Clear while a sample 
Is playing will cut off the sample as well as the reverb. (If more than one sample is 
playing, they will all be cut off.) In Chorus and DDL programs, pressing the Clear 
button will halt all modulation of the delay taps, but will not turn off the taps 
themselves, so the levels remain constant. This can create some useful effects, which 
will be discussed in the next chapter. 


Rage Up (T) 

Page Up is used to go backwards from a menu to the prior, higher level menu. 

(i pressed several times, it will eventually return the display to showing the 
currently running preset. Whenever you see an up-arrow on the display, it means 
that you can back up one or more levels with the "T" button, always returning to a 
control page of the current preset. (You will be returned to whichever page of the 
preset you were on when you last left it) It is often useful to think of “V as an 
"Escape" key — if you find yourself in a menu where you're not sure what to do, 
except that you want to get out, pressing "7" will usually get you back to more 
familiar territory. 

The only places the key will not get you out of are the Help screens, 
i discussed below. To leave a Help screen and get back to a control page, press the Help 
button. 

Back Space (BSP), Clear Entry (CE), Enter (ENT), and the 
Numeric Key Pad 

All of these are used in the Quick Register Select function discussed previously. 
The numbers specify banks and registers; errors can be corrected with BSP (delete 
previous character) and CE (delete all characters); and the command is executed 
when ENT is pressed. Also as discussed previously, these buttons are used similarly 
when naming Presets. 
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System Functions, Reset, and the BPM calculator (SYS) 

The SYS button along the front edge gives you access to certain system 
functions, which are used only rarely. Pressing SYS gives the following display: 


Systea- 

OgJ)U 

Software Rev 

#4.01 




Last revision 

13 Dec 

87 



AUtO- 



Reset 

spy. 

Erase 




The top line gives the revision level of the software in your ADR 68K. You will 
need to know this when you ask for technical support from AKG. The first digit 
(before the period) is incremented only when significant changes or additions are 
made to the programs or system software. The digits following the penod are 
incremented in between significant updates as smaller features are added or bugs are 
fixed. 


From this menu you can ''reset" the ADR 6SK. This will clear all Internal 
registers and reset all system and MIDI functions to the stale they were in when the 
unit left the factory. If you want to reset the unit and not lose all the presets in the 
Internal memory, you should first copy them onto the Cartridge (see below for 
instructions). 

Pressing the Reset button gives the following display: 


Warning, this will erase ail internal 
togistess, shall I continue? 

Yes- No 


Lf you press Yes, the display shows: 


Initialising system. 


And then returns you to Page 1 of the Factory preset 1.1. 

The second Soft Button turns on a BPM (Beat-Per-Mir.ute) calculator. This 
function has nothing to do with the audio path — it is provided as a convenience 
for setting delays to fit the rhythm of a song. 
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U is very simple to use. Set the first fader at the metronome setting of the song 
you are working with, over the range 32 to 286 beats per minute. The fader will only 
access even numbers; if you need to set it to an odd number, increment the number 
using the Soft Button. Now move the second fader so it corresponds with the note 
value of the delay you want to set up, from a sixteenth note (1 /4-beat) to a whole 
note (four beats). Like magic, the proper setting for the delay will appear on the 
second tine of the display. 

Compute delay time from beats/minucei , 
— Set delay to; 465ms — 

B?M Kote Value 

128spn 1/j 


Finally, there is the "Auto-Erase" slider, which affects how samples are 
handled when switching sampler programs or turning the unit off and on. When 
this control is "On", then every time you go from one sampler program to another, 
or every time vou turn the ADR 68K's power on, the sample memory is erased 
completely. When the control is "Off, the memory is not erased, but instead 
remains intact to one degree or another. Exactly how intact it will be depends on the 
nature of the sampler programs you are switching between/ or the length of time 
between turning the power off and turning it back on again. Tltis will be covered in 
more detail in the section on Using Samples in Chapter 6. 

When you receive the ADR 68K from the factory, or when you perform an 
upgrade to software revision 4 0, this switch is set to "On". 


Using the Cartridge (CART) 

The cartridge supplied with the ADR 6SK is used for storing presets, giving the 
user an extra 50 registers for that purpose. It is not used for storing samples. 

Pressing the CART button brings these options on screen: 

6-iK Cartridge installed, 43 o* 5Q free 
Int + 

Int -Cast Swap zrtii 


The top line identities the size of the cartridge presently installed, and how 
many of its registers are free (i.e., have not had presets wntlen into them). 
(Cartridges with more titan 64K of memory will be available from AKG in the 
future.) 
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I Iovvever, if there is no cartridge installed, you will see: 



To get out of here, press "T". 


If liie write-protect switch on the data cartridge is set to on, the CaRT menu 
will say so, and will not display the Int-* Cart, Swap, or Init options. 


Cart->Int, Int-»Cart, and Swap 

These functions allow you lo copy all the interna] registers of llie ADR 68K into 
its cartridge or vice versa. Of course when you do so, you overwrite the registers of 
the destination memory. 


Pressing Cart-*Im gives the display: 


Warning, this writ av«rwrito all user ^ 
registers. shall I continue? 

Yes No 


Pressing Int-»Cart instead gives this display: 


Warning, this will overwrite *11 ^ 

cartridge registers, shall I continue? 


Ye? 


No 


Answering Yes to either of these options will complete the copying process. 
Pressing No or will return you to the first Cartridge menu. 

If you pr&ss Swap, the contents of the cartridge and the internal memory are 
exchanged. This command does not ask for verification. 
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IN1T 

This command will erase the cartridge completely. Be really sure you are 
prepared to lose all the registers in your cartridge before choosing this option. If you 
do press Init, you are given one more chance to change your mind. 


Warning, this will overwrite all 
cartridge registers, aJiaii I continue? 


*es 


No 


Help Function (HELP) 

The Help button brings short explanations of controls or procedures up and 
displays them on the LCD. The Help screens are 'context sensitive"; that is, they give 
information relevant to whatever operations or parameters are currently in use. 

When you enter the Help section from the first page of a preset, a description of the 
current algorithm appears, os well as descriptions of the controls on the page. The 
algorithm description does not appear, however, if you call for Help from a page of a 
preset other than the first, or from anywhere else 

When you press Help, there is no change in the ADR 68K’s operating mode or 
sound processing — only the LCD display is changed. You return the LCD display to 
its former status not by pressing "T", but instead by pushing the Help button a second 
time. 

When one screen isn't sufficient to show all the help information, you will 
find more information by using "A" or -T" to scroll through all the screens available 
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Although it is highly unlikely, it is just possible that a hardware failure or an as- 
vet-undetected software bug could cause your ADR 68K to lock up. Symptoms of this 
would be a sudden lack of response from the faders and/or buttons on the remote, or 
a frozen signal-level display. Most likely the ADR 68K would continue to give 
normal audio — you would just have lost control of all functions. 

If this situation occurs, the first thing to try is to disconnect the remote, wait 
five seconds, then reconnect it. This may dear the problem, and you can go on. If 
not, then shut off the power switch on the mainframe (remember to turn down the 
monitor first), wait five to ten seconds, and then turn it back on. Chances are all wall 
be restored to normal. 

[f this doesn't work, you should next perform a Self Test of the remote. This 
self test requires only that the remote be connected to the ADR 6SK mainframe, and 
that the mainframe +9V power supply is functioning. None of the other mainframe 
functions or dreuits are used, limiting the lest to the remote itself. 

To perform a remote self test: 

1. Turn the ADR 6SK power off and wait 10 seconds. 

2. Press and hold down the Help button on Lire remote. 

3. While you arc holding, turn the ADR6SK power back on. 

4. Continue holding the Help button down until the display changes to: 


Choose one: 





COLO 

for 

system 

cold 

reset 

SELF 

for 

remote 

self 

test 





COLD SELF 


If you lose your nerve here, or want to exit for other reasons, shut the power 
off, wait five seconds, and power up again 

5. Press the soft button labeled SELF. 

6. The display will change to this: 


cora: rev: 2. 00 

vie*:E0 key:_ 

fader 

jack 

F3 FI F2 F3 F4 

:5 J1 J2 J3 J4 

\71 0 0 0 0 

G 0 110 


and the input-level and internal-level LCD's will start jumping up and down in 

step. 


AKC ADR oSK — tr.r 4.1) — Qmp!rr4 





Page SO 


You can now test every function of the remote cuntroL 1 fere s trow: 

1. "faders" shows the position of each fader, with a number from 0 to 1 27. 

Move each fader and observe the display. 

2. “jacks" shows the values obtained by the internal analog- to-digital 
converters from the four 1/4" jacks on the rear. If nothing is connected to a jack, this 
will read 0. 

3. “view:" will change in response to using the VIEW UP and VIEW DN 
buttons to change the viewing angle. Try it. 

4. "key" will show the name of each button as you press them one by one, 
thereby letting you test all of them. Try the buttons one at a time. (The Shift button 
by itself will give no response.) 

5. "comm: FAIL" or "comm: — " is normal, and simply indicates that the 
remote is not trying to communicate with the mainframe. Rather, it is looking for a 
'loop-back" connection of its data-out and data-in connector pins so that it can self- 
lost its communications chips and ports (this is used at the factory). 

NOTE: the only way to leave the Remote Seif Test mode is to turn off the 
power. Be assured this will not affect any stored presets, but any samples you may 
have in memory will be lost or scrambled. 

If the remote tests out okay in Self Test mode, then there is one final step 
available to you: a Cold Reset. Be aware that a Cold Reset, like a System Reset, will 
erase any user presets you have in the internal registers, so if you value them you 
should copy them onto a cartridge first (if you can) 

Mere’s how to do a Cold Reset: 

Follow' the first four steps in the procedure above for the remote self lest. 
When the first display appears, press the button under "Cold". You will see: 

COLD 

System cold reset warning: tiiic will ucaae 
all internal registers: 

Do you want to continue? 

YE 3 NO 


Press the soft button labeled YES. 

If the Cold Reset is successful, you will next see the first page of parameters for 
Factory register 1.1, and you will be able to proceed normally. If you Ye still having 
trouble, you most likely have a hardware problem. Refer to the section on Servicing 
in Chapter 3, or consult your dealer for help. 
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Audio Test 

An audio test mode is available to verify basic audio functioning ol die ADR 
6SK and the signal processor. In this mode, the left input feeds the lelt main and 
auxiliary outputs, and the right input is feeds the right main and auxiliary outputs, 
with unity gain and no delay. Although it seems like the signal is being unaffected/ ll 
is actually going through the analog-to-digital convertor, the signal processor bus, 
the multiplier/accumulator, the audio scratch pad memory (temporary registers), 
and the digital-to-audio convertor, as well as all the audio drcuitrv of the ANA-3 PC 
board. 


To use this mode, follow the first four steps in the procedure above for the 
remote Self Test. When the first display appears, you are in the audio test mode. Put 
a signal into each of die inputs, and test it at the outputs. 


A KG ADR 68 K — rev 4.0 — Ciapler 4 



Page $2 


rcj 4U, 15 December 1937 



Mewgirlb and Efedts 


While the ADR 68K is loaded with over 100 useful programs when it comes 
from the factory, most users are going to want to design their own programs. To help 
you in this, this chapter will describe the reverb and effects algorithms used in the 
unit, and how to use them, with particular emphasis on how to take advantage of 
the unit's special features. Using the samplers is covered in the next chapter, and 
MIDI applications in Chapter 7. 

For a general outline on using reverb, sampling, and MIDI, please read Chapter 
2 of this manual if you haven’t already done so. A glossary of the terms used here 
appears at the end of the manual, as Appendix A. Following that, in Appendix C, are 
detailed menus for each of the algorithms, block diagrams showing how they are 
configured, and lists of the factory presets that use each algorithm. 

Although this chapter contains lots or information, often the best way to teach 
a new concept is not bv explanation but by example. Therefore, we suggest that you 
spend some time examining the presets — especially the more exotic ones — to see 
how certain effects are accomplished. We also encourage experimentation; 
remember, you cannot destroy the Factory presets, and there's plenty of room in the 
Internal and Cartridge memories for storing your experiments. 
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The Reverb algorithms 

The ADR 68K contains six different reverb algorithms. Although each of these 
algorithms represents a different "kind" of reverb, they are all extremely flexible, 
thanks to the number and range o! adjustable parameters within them. They also 
(With some exceptions) take advantage of the unit's stereo inputs, and can be "gated" 
(a discussion of which comes later in llus chapter). 

The primary parameters generally appear on Pages 1 and 2 of a preset. The first 
parameter you will encounter, at the left-most side of Page 1, is "RT60", which is the 
length of the reverb. Strictly speaking, it is the time it takes the reverb level to decay 
to 60 dB below its initial level It is adjustable, depending on the algorithm, from a 
small fraction of a second to over a minute, and can even be set to "infinity", in 
which case there is no decay at all. 

The RT60 of the low and high portions of the audio spectrum can also be 
adjusted separately: the "LF Dcy" parameter affects frequencies below about 500 Hz, 
while "HF Dcy" affects frequencies above about 2 kHz. Both controls adjust their 
respective decays as ratios of the nominal RT60, from (RT60)x0.1 to (RT60 )a 2.0. These 
parameters :an help determine the apparent surface characteristics of a space: a hard- 
surfaced room will have a longer HF Dcy time, while a more absorbent room will 
have a shorter HF Dcy, and/or longer LF Dcy 

Also adjustable is the bandwidth of the signals coming into the reverb 
processor. The cutoff, which is controlled by the 'IIP BW" parameter, can range 
from 15 kHz down to 2 kl Iz. A delay can be imposed on a signal before it reaches the 
reverb processor, delaying the build-up of reverb, while not changing the early 
reflections of the apparent space (which are handled separately, as explained below). 
The parameter controlling this is "P'Dly", which is adjustable from 0 to 500 ms. 

Very important contributions to the sound of a reverb — particularly 
concerning the definition of a stereo space — come from the early reflections. The 
ADR 68K gives you control over as many as six distinct early Reflections talso 
referred to as "E-Rs"). Three early reflections are derived from the Left input, and 
two of these go to the Left output, while the third crosses over to the Right output. 
Three other reflections are generated from the Right input, and two of these go to 
the Right output, while the third crosses to the Left. Control over the reflections 
usually appears on Pages 4 and 5 of a preset. Each of the early reflections can be 
individually delayed up to 500 ms, and their levels are likewise individually 
adjustable over a very wide range. 
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"Diffusion", "Density", "Punch", "Depth", "Randomize", and "Size" are 
parameters that appear in various combinations, depending on the algorithm. 
Diffusion and Density refer to the relative concentration of echoes at the 
beginning and end of the reverb, respectively. Low Diffusion values can make small 
rooms more interesting, with more discrete echoes sounding at the beginning of the 
reverb. Low settings of Density are good for improving the intelligibility of vocal 
lines and for making solo instrumental lines stand out, but the sound isn't as 
smooth as it is at higher settings. Higher settings make the most sense for drums. 

Punch increases the proportion (not the density) of early echoes within the 
reverb processor, making the reverb effect more immediate and dramatic. Depth 
controls the ratio of the dry and reflected sound in a complex manner (it doesn't just 
balance and mix them), thereby controlling the apparent distance between the 
listener and the sound source. At the lowest values, the direct sound is highest, 
putting the listener dose to the source 

Randomize is used to smooth out the reverb "tail" .and make it less 
repetitious and more interesting. It uses multiple taps, and moves them back and 
forth with a low-frequency osrillator It is a feature that should be used carefully, as it 
can add a granular noise to high-frequency signals, or sometimes a slight pitch- 
shifting effect. 

Size is a complex parameter that simultaneously changes the RTbO anti the 
density of the reflections within the reverb, h works semi -interactively with the 
RT60; dianging the size alters the RT60 setting, but not vice versa. It’s best to think 
of Size in the following way: for a given RT60, a Size setting of 100% represents a 
typical room. Increasing the Size, while it increases the RT60, also reduces the 
density of the reflections, thereby reducing frequency coloration, but increasing the 
dtance that individual echoes will be heard. Decreasing the Size has the opposite 
effect — fewer echoes will be audible, but frequency coloration will increase. 

As mentioned in the previous chapter, the "A" positions in each of the factory 
reverb banks contain good "general-purpose" sounds using the appropriate 
algorithm, and are good starting points for users wanting to experiment and design 
their own presets. 
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Now a few words about each of the algorithms. For details about the 
parameters used in each algorithm and their ranges, as well as block diagrams and 
lists of the factor)' presets that use each algorithm, see Appendix C. 

The Plate algorithm in bank 1, whose formal name is "Complex Plate", is a 
simulation of a metal-plate reverberator, which features a high echo density, fast 
diffusion of the sound, and little coloration. It has a wide range of applications, 
especially in pop music and with percussion. 

Chamber, or ‘'Optimal Chamber" (bank 2), ts uselul lor simulating a range oi 
spaces, from large rooms to small halls. 

Room, or "Medium Room" (bank 3) is good for simulating smaller acoustic 
spaces, such as film and video interiors, and can be used with most kinds of non- 
symphonic music. 

Hall, or "Natural Hall" (bank 4), is best for the largest acoustic spaces, ranging 
from small concert halls to canyons. It creates a spacious, open-sounding reverb, 
good with orchestral and "spacey" electronic music 

Split, (bank 5), is actually several different algorithms combined in one bank. 
What they all have in common is that they allow two different processing functions 
to be active at one time, effectively splitting the ADR 6SK into two distinct devices. 

Each side of the split has one (mono) input and stereo outputs. A representative 
preset using each of the five Split algorithms appears on the first page of Factory 
presets. On subsequent pages, all of the presets on a given page use the same 
algorithm* 

One algorithm, which appears on the second page of Factory presets, is 
"Plate/ Hall". In this algorithm, the left audio input feeds the "Plate" side, while the 
right input feeds the "Hall" side. The Plate side can be gated, but not the Hall side. 
Only two early reflections are available in each half. Pages 1 through 3 control the 
Plate characteristics, and Pages 4 through 6 control the Hall. The output from both 
halves is available at the main audio outputs, while only the output from the 
second half appears at the Aux audio outputs. 

The other algorithms are even more flexible. They are, going through the pages 
of presets, "Plate/ Plate", "Hall/Hall", "Hall /Chorus", and "Hall /DDL" Each half of a 
split is essentially identical to the algorithm described previously that bears its name, 
except that one or more less-crucial features may be altered or left out. In all cases, 
the first side of the split is more complex than the second side, i.e. it allows gating, 
and lias more parameters available. 

The "Chorus" half of the "Hall /Chorus" algorithm is identical to the Poly- 
Chorus algorithm used in bank 10, and described later in this chapter, except that 
there is no "Diffusion" parameter, and the number of taps available is three, not six. 

The "DDL" half of the "Hall/DDL" algorithm is identical to one of the delay lines in 

the Dual Delays algorithm used in bank 1 1. 
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Outputs 


The splits iii these four Inputs 

algorithms are configurable, with 
a switch on Page 6 of each preset. 

When the switch is set to "Split", 

the left audio input feeds the first 

half of the split, while the right 

input feeds the second half (as in 

the "Plate/Hall" algorithm just 

described). W'hen the switch is set Inputs 

to "Para", the left and right inputs lT^>v 

are merged and the combined 

signal feeds both halves of the 

split. When the switch is set to 

"Chain", the two inputs are 

combined and feed the first half 

of the split, and then the outputs 

from that half go to the second 

half of the split 

Normally, the output from 

the first half of the split appears at 

the main audio outputs, while 
the output of the second half 
appears at the Aux outputs. 

However, a switch is included to 

allow the signal that comes up at the Aux outputs 

die sections later in tills chapter and in Chapter 6 < 


Reverb 1 


Reverb 2 


Outputs 


Reverb 1 


Reverb 2 


Parall e) 


Outputs 


Reverb ^ Reverb 


Chained 


Rcvcrs, which is short for "Reverse Reverb" (bank 7), simulates a backwards 
reverberator, whose output starts low and nses over time. It uses just a few parameters: the 
RT60 controls the total length of the reverb event, while Punch controls the level of the 
lust sound heard (which is the image of the first sound going in). IIP Dcy modifies the 
decay characteristics. There is no gating, or control over early reflections The program 
sums die inputs into mono, and produces a stereo image. When a signal is being 
processed, it comes out at first in stereo, and then collapses over time into mono. 
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A note about stereo inputs 

Reverb algorithms with true stereo inputs give special benefits, and also need 
special care. Many digital reverbs have two inputs, but often the two input signals 
are combined ("summed") internally before they get to the actual reverberation 
processor. While this can create "stereo" reverb, that reverb is going to be exactly the 
same regardless of whether the input has been applied to the left input, the right 
input, or to both inputs. 

A reverb with true stereo inputs, on the other hand, will sound slightly 
different it sound enters only one input The first four reverb algorithms of the ADR 
68K ail have true stereo inputs. In these programs, the early reflections and the first 
portion of the reverb build-up will be different for leii and right inputs, giving a 
stereo perspective to the initial reverb sound. 

This is easy to deal with if you have a slereo signal to reverberate, like a final 
mix or a stereo track to process in mixdown. But if you are working with a mono 
source, you'll need to send it to both reverb inputs. If you don't, the initial reverb 
sound will be unbalanced (off to one side), and the later reverb wil 1 not achieve a 
proper echo density. 
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Gated Reverb 

As mentioned above, all of the reverb programs in the ADR 68K (except 
"Revers") allow for gated reverb. The term "gated" reverb is a holdover (like 
"Hanging") from an earlier recording technique in which the outputs of a spring or 
plate reverb, with its relatively fixed decay characteristics, were led into a noise gate 
so that the sound would decay more rapidly and dramatically. 

In a soltware-dnven digitaJ processor like the ADR 68K, the capabilities and 
operation of gated reverb are somewhat different. Each reverb program has two 
different decay characteristics, both under user control. The first, or primary, decay 
characteristics are those of the Page 1 "Running Reverb" parameters. The second 
decay characteristic ts that of the Page 3 "Stopped Reverb" parameters. 


Page 3 is where the action ol the gated 
reverb is controlled. The "Trig" parameter 
sets a threshold level for the input signal. 
When the signal level (at either the left or 
right input) reaches the threshold, the gate 
is "opened", and the Page 1 Running 
Reverb parameters take effect. When the 
signal drops below the threshold, the gate 
can "close" and the Page 3 Stopped Reverb 
parameters take over. The threshold can be 
set from -42dB to the input-level limit 
H.IM") of the unit, in steps which 
correspond to the steps of the Input Level 
LEDs oil the remote control. 

If you select a very low threshold, say - 
42dB, almost any signal coming along will 
be high enough to open the gate, and thus 
the Running Reverb settings will always be 
in effect. With a setting of, say, -4 dB, only 
the loudest signals will open the gate, and 
so the Stopped Reverb parameters will be 
in charge most of the time, except at the 
highest peaks. You will probably find a 
setting of -18dl3 or so to be about right for 
percussive sounds. Note that setting the 
Trig control to OFF (its default setting) will 
disable* the gate entirely, leaving it open ai 
all times (and rendering the other 
parameters on Page 3 irrelevant). 
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When the input signal 
drops below the threshold, the 
gate does not dose immediately 
The amount of delay between 
the two events can be adjusted 
from 1 0 ms to 5 seconds, usmg 
the "SlpDl/' parameter. If the 
StpDly is loo long — lor 
example, if it is longer than the 
time between percussion hits — 
the ADR 68K will never switch 
to the Stopped Reverb settings. 
If it is too short, then you will 
lose most of the effect of the 
Running Reverb. 


Input 

Signal 


Reverb 

level 


Therefore, to achieve gated 
reverb the input level must 
exceed the Trig level at one 
point, and then must fall below 
the Trig level for a period of 
time longer than the StpDly 
selling. 


Running RT60 


StoooeO RT60 


Input level dipping below threshold 
for periods shorter than StpDly interval 


One popular use of gated reverb is to fatten up a percussive sound by giving it lots of 
reverb when it’s loud, and little when it s soft. The effect is to lengthen or broaden the 
sound, without making it "reverb/'. This calls for a large RT60 for Running Reverb and a 
short RT60 for Stopped Reverb. 

Mere's a typical setting for use with percussion: 


groovy. Complex Plat* [11.41 (1)«+ 

Running Reverb 

RTSO LF DCy Hr Dev HF BW Size P'Dly 

20s XI. 0 XI. 0 15kHz 100* 500ms 


GROOVY, Complex Plate [11.4] [3] -f 

— Gate — — Stopped Reverb — 

Trig StpDly RT60 LF Dcy HF Dry 

-18dil 0.30s 0.3s XI. 0 XI. 0 
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This is how it works: Let's begin with no input signal. The ADR 6SK's gate is 
dosed, and the Page 3 Stopped Reverb RT60 of O.Ss (a very short decay time) is in 
effect. Along comes a snare drum hit with a level of -4dB. This exceeds the -lSdB 
Trig threshold, so the ADR 68K switches to Running Reverb settings of Page 1, with 
RT60 of 20s (a very long decay time!). The drum hit is grabbed and almost "frozen” 
in the reverberator. 

The snare drum has a short duration, so it ceases, and the input level drops to 
below -18dB. When it does, the microprocessor starts counting out the StpDly 
interval of 03s. .Assuming that during that interval another drum hit doesn't come 
along, then alter 0.3s the ADR 68K switches to the Stopped Reverb RT60 value of 
0 8s, and the "frozen" drum hit is quickly dropped out due to the short RT60. We 
are now back where we began. 


Another way to use gated reverb is 
exactly the opposite of the percussion 
effect just described. Here we want very 
little reverb to accompany the louder 
sounds so as not to clutter or muddy the 
main musical passages, yet we want a 
good amount of reverb to linger as a 
"lail" during the gaps In the music The 
settings here will accomplish this: 


In this mode, die reverb 
time is short (1 .Os) as long as 
there is an input signal higher 
than -12 dB, but as soon as the 
input drops out, a longer reverb 
(2.5s) takes over quickly (in 0.2s). 


1 Running RT60 ^ Running RT60 

Stopped RT60 

Gated reverb with short Running RT60 
and long Stopped RT60 
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Input 

signal 


Reverb 

Level 



SPACEY, Complex Plato 151.4) 
Running Reverb 


RT60 LF Dcy HF Dcy HF BW Size P'Dly 
1.0s XI. 0 X0.5 15kHz 1004 500mr 


i y 

SPACEY, Conolox 

Plato [11.4] 4* 131 

— Gate — 

— Stopped Rover© — 

Trig StpDly 

RT60 LF Dcy HF Dcy 

- 22 clB 0.20a 

2.5s XI. 0 X0.5 
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You can also turn the ADR 6SK into a "true' gated reverb. If you set the RT60 level 
on Rage 3 10 MUTE, then when the signal level goes below the Trig threshold, the audio 
outputs of the unit will shut down completely (after the StpDly interval, of course). 

Because the ADR 68K provides separate LF and HF Dcy parameters for the Running 
and Stopped Reverb, you can also achieve interesting effects based on differences in these 
parameters alone. For example, if you set the HT Dcy on Page 1 to xl.O and die HF Dcy on 
Page 3 to X0.1, you can cause the Running Reverb to be bright and sibilant, with a rapid loss 
of high-frequency energy when the Stopped Reverb takes over during gaps in the input 
sound. Conversely, if you set the Stopped Reverb HF Dcy much higher than the Running 
Reverb HF Dcy, then after the gate closes, you can get that "escaping steam" effect so 
popular in some circles. 
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The Effects algorithms 

Besides reverb, the ADR 68K is capable of a very wide range of digitally- 
produced effects. They are broken down into four categories, each with its own bank 
(some effects also appear within the split programs). We'll deal with these effects in 
order of complexity. 

Dual Delays (DDL) 

The Dual Delays algorithm (abbreviated "DDL"), which resides in the factory 
presets in bank 11, contains two full-bandwidth digital delays, with delay times 
adjustable from 160 psec to 2 seconds. The first two pages are for adjusting the 
parameters of each delay 

Range and Delay set the length of the delay. Range sets the minimum and 
maximum values and the resolution of the Delay fader, and gives the values a 
descriptive name. For example, if Range is set to 'Tong 7 ', the maximum value is 
2000 msec, and the fader resolution is 40 msec, while if Range is set to "Sampls", the 
maximum delay is 1760 psec, and the resolution is 32 psec (which is equal to the 
length of one sample created by the ADR oSK's analog-to-digital convertor). In table 
form, the Range settings arc as follows: 


Range 

min value 

ntnx v^ye 

fatter pyte'ten 

Sampls 

160 pscc 

1760 psec 

32 psec 

Range 

0,0 msec 

10.0 msec 

0.2 msec 

Chorus 

0 msec 

50 msec 

1 msec 

Echo 

0 msec 

200 msec 

4 msec 

Long 

0 msec 

2000 msec 

40 msec 


The Gain control handles feedback of the delay to itself. "0%" means no 
feedback — the delay just plays once — while "100%" means the signal will 
recirculate forever, without changing level. Negative gain values mean that the 
feedback is 180° out of phase. 

HF Dcy is a low-pass filter in the feedback path. 

Depth and Rate control a low-lrequency oscillator that is used to "modulate" 
the delay lines by altering their lengths. The Depth parameter controls how much 
modulation is used. For example, if a delay time is set for 100 msec, and the depth 
control is set to 50%, the delay time will vary between 50 msec and 100 msec. The 
modulating waveform is a triangle. Rate, of course, is the frequency of the 
modulation. In the longer delay ranges (Chorus, Echo, and Long), the Rate is 
adjustable from from 0.01 Hz (one cycle every 100 seconds) to 1 Hz, while in the 
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shorter delay ranges, it is adjustable from 0,05 to 9.99 Hz. These controls can be used 
to create some fascinating pitch-shifting, vibrato, or frequency-modulation effects. 

On the third page, HF BVV is a bandwidth-limiting control that acts on the 
entire unit, adjustable down to 2 kHz. 

Config determines the relationship of the two delays to each other. There are 
three choices; 

In "Split" configuration, the 
Left input feeds delay A, which 
feeds the Left output, and the 
Right input feeds delay B, which 
feeds the Right output. 

In "Parallel" configuration, 
the Left and Right inputs are 
summed, and then fed to both 
delays. Then, the outputs of the 
delays are summed, and sent to 

both outputs. 


In "Chained" configuration, 
the Left and Right inputs .ore 
summed, and sent to delay A. 

The output of delay A then goes 
to delay 13, and the output of 
delay B goes to both audio 

oul P uls Chained 

The CLR button has an interesting effect when used with this algorithm. It slops the 
modulation process, but docs not kill the delays themselves, so that any modulation effects 
'being created are stopped, but the signal, and its delays, keep going. This means that such 
effects can be brought in and out instantaneously, and very dramatically — in "mid- 
flange", as it were — with the CLK button. 

Samples created with the * Sample programs can be used in ddl programs, and can 
appear before and/or after the delays. When you are feeding multiple monaural samples 
(created with the "Mono v ' preset) into a delay program, odd-numbered samples are treated 
as if they were appearing at the left audio input, and even-numbered samples are treated as 
it they were at the nght input. Therefore, wherever the Left audio input is going (which, 
depending on the configuration, will be the either delay A or both delays), that’s where the 
odd-numbered samples will go. 

The outputs of the ddl do not appear at the aux outputs of the ADR 68K, but the (dr)’) 
samples do. 
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Poly-Chorus (Chorus) 

The chorusing algorithm, whose formal name is "Poly-Chorus", is found in 
the factory presets in bank 10. This algorithm can produce chorusing, pitch-shifhng, 
automatic panning, and many other effects A version of the algorithm makes up 
the second half of the "Hall/Chorus" Split algorithm. All of the controls described 
here are applicable to both algorithms, except as noted. 

The algorithm creates up to six delay laps, and moves them in time, 
modulating them with a triangle wave. The taps always move in opposition to each 
other, and the phase relationship of their modulating waveforms can be determined 
by dividing 360° by the number of taps; i.e., if you are using two taps, their 
modulation will be 180° out of phase with each other, while if you are using five 
taps, each will be 72° out of phase with the next 

The tirst parameter on Page 1 sets the number of taps, or Voices, from one to 
six. With one voice, the vibrato and panning effects can be heard, while as the 
number of voices increase, the more pronounced the chorusing effect becomes. (In 
the Split algorithm, the number of voices is limited to three.) 

The Depth parameter sets the range over which the taps will be moved; the 
delay time of the taps will constantly be moving from 0 (or another "base point", 
which we ll get to in a moment) to the time indicated by this parameter. The 
maximum Depth is 10 ms. The Rate determines how fast the taps will move. If this 
control is set to "OFF", the taps don’t move at all. Slower rates impose a vibrato on 
the sound, while faster ones impart almost a ring-modulation effect, by actually 
frequency-modulating the input signal. The rate is adjustable from 0.05 to 9.99 Hz. 

The amount of pilch shift you hear will be dependent on both of these 
parameters. Pitch shift is determined by the speed of a moving tap. which in turn is 
determined by both the distance the tap has to move (the Depth) and die amount of 
lime it has to get there (the Rate). 

Delta is only effective when you are using more than one voice It specifies the 
offset in time between the various taps, by adding extra delay to each tap. With a 
Delta of greater than 0, the "base point" for any tap other than the first will no longer 
be 0, but will be [Delta x (tap#-l)]. For example, if you are using two voices, with a 
Depth selling of 5 msec, and a Delta of 20 msec, tap 1 will be going back and forth 
between 0 and 5 ms, while tap 2 will be offset 20 msec, and hence will be modulating 
between 20 and 25 msec. With three voices, and the same settings, the third tap will 
be modulating between 40 and 45 msec. 

If Delta is 0, you will get a flanging effect, as the taps move against each other 
and create moving comb filters. If Delta is greater than 0, but still short, the olfset 
will create a resonant-filter effect. 
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Pan takes the output of the processor and pans it back and forth between the 
Left and Right audio outputs at a fixed rale, again using a triangle wave for 
modulation. Its range is 0.01 Hz (one cycle every 100 seconds) to 2 Hz. It is most 
effective with fewer voices — with too many voices the complexity of the sound 
masks the effect. 

Diffusion spreads the sound out slightly at the input, to give it a little more 
body. (This control is not included in the Split algorithm.) 

As in the DDL programs, the CLR button can be very useful in a chorus effect. 
When you press it, it will stop the modulation process in "mid-flange", and will set 
all the laps lo zero, but not turn them off, so the level won't change. Therefore, a 
chorusing effect can be turned on and off instantaneously, and very dramatically, 
with the CLR button. 

Samples created with the * Sample programs can be used In chorus programs, 
and can appear before and/or after the chorus processing. The outputs of the chorus 
do not appear at the aux outputs of the ADR 6SK, but the (dry) samples do. When 
using multiple monaural samples, the "Odd/Left, Even /Right* rule, as described 
with the Dual Delays algorithm, applies. 


Stereo Processor (Stereo) 

The Stereo Processor algorithms (for indeed, there are more than one) are to be 
found in the factory presets in bank 9. They are used for converting monaural sound 
sources into stereo, using a variety of techniques and allowing for a wide range of 
customization. All of them feature a high degree of compatibility when collapsed 
back into mono, which makes them useful for a number of purposes for which 
oilier types of stereo synthesis would be unsuitable. 

The Stereo algorithms use a number of delays, or taps, spread out in time and 
space according to certain formulas, or modes. The first fader chooses which mode lo 
use. The Depth control adjusts the relative distance in time between the various 
taps, in some modes giving the stereo image a front-to-back dimension. The Width 
control adjusts how far off lo the Left and Right outputs the taps will appear. When 
this control is set to 0, the outputs .ire identical, i.e., mono IF Fq and HF Eq 
controls are shelving equalizers at about 250 1 !z and 6 kHz respectively, providing 
up to 10 dB of cut or boost. 
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Each preset within this algorithm has two separate mono-to-stereo convertors, 
labelled Processor A (on page 1) and Processor B (on page 2). They do not have to be 
the same: Processor A, for example, can use the MSP mode, while Processor B is 
using COMB2. They can also be configured, with regard to the inputs and outputs, 
any way the user likes — the input of either convertor can be either the Left or Right 
input (but not both), and the output of each convertor can be sent to the main or aux 
outputs, or both. In addition, samples created with the * Sample programs can be 
used, and can appear before and/or after the stereo processing. 

The Stereo modes, in the order they appear on the first fader, are as follows: 

ROOM: uses relatively long delays to create the early reflections of a room or 
concert hall. Frequency coloration is quite low. The Width parameter is not available 
in this mode. 

MSP: for "Multilap Stereo Processor", this mode uses shorter delays to create a 
very stable stereo image, wltich features flat frequency response at each of the output 
channels and die summed outputs. On highly transient sounds, if the Depth 
parameter is set at 50% or higher, it is possible to hear separate echoes. 

COMBI: this mode uses a pair of complementary’ left and right comb filters. 
The summed mono output is flat, but the individual left and right channels are 
highly colored. The Depth control adjusts the time delay used to create the comb 
filters, while die Widdi control sets die depdi of the filler nulls, and therefore die 
intensity of the effect. 

COMB2: diis mode is similar to COMBI, but instead of using identical delay 
values to create the comb filters in die left and right channels, each side has its own 
delay values. The stereo effect, therefore, is created by both frequency- response and 
arrival-time differences. This mode is the most dramatic method of stereo 
processing of the three available. As with MSP, larger Depth settings can create 
discrete echoes on transient sources. The Width parameter is not available in this 
mode. 



PAN: uses the Maas effect to create apparent changes in image position of the 
source. Regardless of the apparent position of a sound, both channels are always at 
the same level. The Depth control 
changes lo "Image" in this mode, and 
allows die sound to be placed anwhere 
from 90° Left ("90<") to 90° Right <"-90") 
of center ("- A -' / ). The Width control 
adjusts the apparent width of the sound 
being panned. A width of 100% means the 
sound takes up the entire stage, and the 
panning effect isn’t heard. Smaller widths 
make die panning more dramatic, but 
also induce colorations. 


Width 
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Samples created with Lhe * Sample programs can be used in Stereo programs 
Any sampler, mono or stereo, can be used at any point in Lhe signal path (although 
why one would want to stereo-ize a stereo sample is an open question.-). 


Multi-Effects (Multi) 

The Multi-Effects algorithm ("Multi"), which is used in the factory presets in 
bank 8, in many ways puts all of this together. Since the ADR 6SK is entirely software- 
controlled. it made sense to design an algorithm in which a number of processing 
modules are available simultaneously, leaving up to the user which ones are used, 
and how they work on each other 

Multi-Effects starts with a pair of independent digital delay lines (DDLs), one 
connected to the Left input (and the Left, or odd-numbered, samplers), and the other 
connected to the Right input (and even-numbered samplers). The delay on each 
input is adjustable from 0 to 766 ms, using a logarithmic taper. Feedback gain is 
adjustable up to 100% positive or negative (out of phase), and Lhe high frequencies 
can be attenuated down to xO.l. 

On the second page are two Gate parameters, which are adjusted the same way 
as the gate parameters in a reverb program — a threshold (Trig) level for when the 
gate will open, and a Stopped Delay time for how long the gate will remain open 
after the input level falls below the threshold. This gate is a "true" gate (there is no 
"Stopped Reverb" page), located after all of the processing in tl\is algorithm, so dial 
when it closes, all of the processed output shuts off at the main outputs. The gate has 
no effect on the aux outputs, however. 


On the same page is a two-band equalizer, providing r lOdB of shelving at 
approximately 250 Hz and 6 kHz. The equalizer works identically on both inputs. A 
bypass switch allows you to take it out of the circuit completely. 

The next four pages give you control over three processors that work in 
parallel. Page 3 is Stereo Chorus, and is similar to, although somewhat simpler 
than, the Poly-Chorus algorithm used in bank 10. This chorus has up to four voices. 
The modulation depth is adjustable, using the Range parameter, from 1 to 16 ms, in 
. I ms increments. The speed of modulation, instead of being in Hertz, is expressed by 
the Speed parameter in terms of percentages, from 0% to 100%, with lower values 
resulting in longer cycle times. The Mode parameter lets you determine whether the 
taps are moving parallel or contrary to each other. The chorus has a bandwidth filter, 
which can be useful for minimizing "clicking" noises that are sometimes generated 
when high frequencies are being processed. There is also a mute svvitch that takes it 
out of live circuit. 

Next is the Stereo Multi-Tap page, which generates a series of up to eight 
discrete echoes, and lets you control them as to time, amplitude, and stereo 
placement. There are nine echo patterns, or Modes, to choose from. 
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"Echo l" produces up to tour echoes, evenly spaced. "Echo 2" produces up lo 
tour echoes, with the time between them increasing. "Echo 3" produces up to four 
echoes with the lime between them decreasing (like a bouncing ball). 

" 1 _* — generates up to eight echoes, placing the first in the Left channel, the 
second in the Right, the third in the Left, etc. ”R« — *L" does Lhe opposite, placing the 
first echo in the Right channel, etc "R-»L" generates up to five echoes, and pans 
them across the stereo field from right to left. "L-»R" pans the echoes from right to 
left. 


"R,L" only generates even numbers of echoes, up to eight. The echoes are 
broken up into two equal groups, with the first half coming out of Right output 
followed by the second half coming out of the Left output. "L,R" reverses the 
process. To keep all this straight, think of R-*L as "Right lo Left" and R,L as "Right, 
then Left". 

The number of echoes is controlled by the "# Taps" parameter. The "Envlp" 
parameter determines the volume envelope of the echoes, whether they increase 
over time, decrease, or stay the same. The amount of increase or decrease is 
approximately 6 dB per echo. "Length" controls the amount of time the entire series 
of echoes will take (not Lhe time between individual eciioes), up to 2 seconds. Again, 
this page has a low-pass filter and a mute switch 

The next page is also a multi-tap echo generator, but it is designed to produce 
early reflections that will be used by the reverb processor on the next page, and so it 
is called "Reverb Multi-Tap". The controls are die same as on the previous page, 
with the following exceptions: only the three Echo modes are available, and these 
can produce up to sue echoes, not four. A fourth mode, "l r Dly" , produces a single 
echo. This page has an adjustable low-pass filter, which affects both these taps and 
the reverb processor that follows, and a bypass (not a mute) switch. 

The Reverb page is functionally equivalent to the "Hall" side of a preset using 
the Split algorithm, except that it has a Size control. The other controls — RT60. LF 
I )cy, HF Dev, and Densi — behave as they do in all other reverb programs. A final 
control on the page switches the reverb on, or mutes the output, or bypasses it, so 
that tire early reflections produced or. the previous page can get through. 

The last two pages are the input and output mixers. There is no mixer for the 
aux outputs. Instead, the right-most control on page 8 acts as a multi-position switch, 
wltich allows you to choose whether one (and only one) of the effects — Reverb, 
Chorus, or Stereo Multi-Tap — or the dry samples will go to the aux outputs. 

Samples created with the * Sample programs can be used in Multi-Effects 
programs, and can appear before lhe ddls and/ or after all of the processing. 
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Here is a diagram oi the Multi-Effects processors and their relationship to each 

other. 
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Mixing Inputs and Outputs 

With so many different signals coming in and out of the ADR 6SK, it’s 
essential that their routings and relative levels be carefully controlled. The ADR 68K 
liandles all of this in software, and offers several pages of input and output mixers 
for each program. 

Each algorithm has its own mixer configuration, tailored for that algorithm, 
but all of the mixers include the same general design elements and features. Let's 
take, as an example, the mixers from a reverb algorithm. Here is the input mixer, 
which appears on Page 6: 


ALBERT. 

Natural Ha.l [14.141 

+-161-+ 




Input 

Select 

Level Bal 

-3dB 

i 

-26db i 32 


Left input 



This mixer is electronically located before the reverberation processor. The 
Input parameter controls the attenuation, if any, between the ADR 6SK's audio 
inputs and the reverberator. The maximum value is 0 dB. The input path is true 
stereo. You can actually turn the Input OFF so that the ADR 68K's inputs never 
reach the reverberator. This has it uses, as will be seen in the discussion of samples 
in the next chapter. Other algorithms, like Splits and Multi- Effects, have more faders 
on the input page for the various sections of the program. 

The "Select", "Level", and "Balance" parameters deal with samples coming 
into the reverberator, and will be covered in the next chapter 
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I lere are the output mixers for the same algorithm. The main and auxiliary 
outputs each have their own mixer, located on Pages 7 .and 8: 


ALBERT, Natural Kail LI4.:6l 

Main Output Mix 

E-R'3 Rev’D Select Level 3ai 

-6dB OdB 1 -26dB 4 80 


ALBERT, 

Natural 

Hall [14.16] 

~ 

«9] 



:x output 


ReVb 

Select 

Level 


OdB 

2 

-!2dB 



Early reflections 


Left output 


Right output 



aux oulDuis 

Left 

Ripht 


Typical Output Mixer 


The mixer for the main outputs is stereo. The first fader is a master controller 
for the six stereo Early Reflections (E-R's) of the signal, whose relative levels are 
adjusted on Pages 4 and 5. The second fader controls the stereo sound coming from 
the reverb processor. The three sampler controls on tliis page control the dry 
(unprocessed) sampler signals from the samplers at llie outputs. The mixer page for 
[he aux outputs contains a stereo fader for the output of the reverberator, and also 
sampler controls. Again, the more complex algorithms have somewhat different 
output-mixing pages. Look through the presets and at the program charts in 
Appendix C for details. 
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The mixers give the ADR 68K a great deal of flexibility- Within many of the 
reverb programs, the various components of the reverb, i.e. the early reflections and 
the main reverb, can be spUt off to two different sets of outputs, by setting the 
controls like tliis: 


MONTY, Natural Hall II*. 17] 4" 

— Main Output Mix 

E-R'S Rev’b Select Level Bel 

OdS OFF 1 OFF < BO 


MONTY, Natural Hall [14. 17) 4* [BJ 

Aux Output Mix 

RoVb Select Level 
OdB 1 OFF 


In the more complex programs, the mixers are essential for balancing and 
keeping track of the various components of the sound. In the Split programs, the 
mixing pages allow the two stereo reverb outputs to be sent to the outputs separately 
(i.e., Plate-.Main, HalUAuxJ, or if you are not using the aux outputs, you can mix 
them both into the main outputs. 

In the Multi-effects programs, there is no mixer for the aux outputs. Instead, 
the right-most control on the last page acts as a multi-position switch, which allows 
you to choose whether one (and only one) of the effects — Reverb, Chorus, or Stereo 
Multi-Tap — or the dr)' samples wall go to the aux outputs. 


SOUNDS, Multi-Effects [18.12] 4— £83 

Main Output Mixer — Aux — 

Chorus Mfcap Reverh Select Level Source 
-6dB -2 Ida OF? 1 OFF Reverb 
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UsSaag Samples 

Samples can be generally defined as discrete audio events to be plaved back on 
demand. They are handled by the ADR 68K in a number of ways: they can be played 
just as they were recorded or they can be edited; they can sound by themselves or in 
conjunction with reverb or effects; they can be played back at their original pitch or a 
different one; and they can be triggered manually, remotely, and/or automatically. 

The ADR 68K has enough memory to store more than 32 seconds of sound, 
configured either as one large sample or as several smaller ones, either in mono or 
stereo. The device uses 16-bit linear coding for the best possible dynamic range, and a 
bandwidth of 15 kHz. 

Samples are recorded into the ADR63K using the sampling programs (or 
presets) normally located in Factory bank 6, although it is possible to move those 
programs into other banks (more on this later). They can be played back from 
controls within those programs, from controls in other (reverb and effects) presets, 
or from various external triggers including MIDI. Samples reside in volatile RAM, 
and so they normally disappear when the power is turned off, but they can be stored 
Off-line in a number of ways. 

The sampling programs fit into three categories: 

1 ) programs that let you work with only one long sample at a time, and allow 
pitch change on playback, 

2) programs that allow multiple samples of variable length, 

3) programs that allow' multiple samples to be used with the reverb and effects 
programs in other banks. 

In each of these categories there is one mono and one stereo sampling 
program. Obviously, stereo samples take up twice as much room as mono ones, so 
within each category the stereo samples are either shorter or there are fewer of them 
available. Programs in which the samples are not “portable" to reverb and effects 
programs allow- for longer sample storage, because memory does not have to be 
reserved for the reverb or effects processing. 
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The sampling programs and iheir major characteristics are as follows: 


Name 

register 

maximum # of inputs 
plavable samples 

ou touts 

maximum leneth 
each sample 

Mono* 

F6.1 

12 

mono (L or R) 

mam & aux* 

2.04 seconds 

Ster* 

F6.2 

6 

stereo 

main & aux* 

2.04 seconds 

M 

F6 3 

1 

mono 

main only 

33.5 seconds§ 

St 

F6.4 

1 

stereo 

main only 

16.8 seconds§ 

M-12 

F6.5 

12 

mono 

main & aux 

variable 

Sl-a 

F6.6 

6 

stereo 

main & aux 

variable 


* samples recorded with these two programs can be used in reverb and 


effects programs 

+ the aux outputs arc mixed in the reverb or effects programs that use the 
samples created with these progratns, not in these programs themselves 

§ samples recorded with these programs can be played back at a different 
pitch 

Normally spealdng, samples recorded with one program cannot be "ported" to 
another, and if you have in memory a sample recorded with one sampling program 
and then call up a different sampling program, the information you’ve recorded will 
be lost. In addition, samples recorded with the "non-portable" sampling programs 
(the ones dial don't have a in their name) will be lost whenever you leave the 
sampling program, either to go to a different sampling program or to a reverb or 
effects program. There are exceptions to this rule, which we'll explain later in this 
chapter. 
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Recording a sample 

Using the numeric keypad, call up Factory register 6.1, the Mono* sampling 
program Move the "Select" fader on Page 1 to "2". Then, with the "Source" fader, 
choose whether the signal you want to sample is coming into the Left input or the 
Right input. Because the ADR 68K has no user- accessible input-level control, adjust 
the level of the incoming signal at its source, watching the LED indicators on the 
ADR 68K’s remote control for maximum level without distortion. If Safety is ON, 
use the fader or Soft Button immediately underneath it to turn it OFF. 


Mono*, 

E£x-12-Se^let [FQ.l] 

U I-f 




Select 

* 

Source Safety Rec Stop 

Left OFF -ledfcB 

Play 


You can now either start the recording manually, or have it trigger 
automatically. If you want to start the recording manually, set the fader under the 
label "Record" to read "MAN" Then, when you are ready, push the Soft Burton 
ibove the fader, and start the sound. 

To trigger recording automatically, look at the LCD level display to see if there 
is any residual input noise registering, and set the Record fader to the next 
Increment above the noise level. For example, if there is room noise that is peaking 
at around *30 dB, set the Record fader to -24 dB. If the noise is uneven, you may have 
to put up with a couple of false starts (in which the system starts recording by itself) 
while you adjust the level. When you have a good setting, start the sound. The 
recording will start as soon as the signal level reaches the threshold you have set. 

Once the recording starts, the display will start to count down from the 
maximum lime available tor the sample, which in this case is 2.0 seconds. When the 
countdown reaches zero, recording will stop, and Safety will reset to ON, You can 
stop recording before the countdown gets to zero by pushing the Soft Button labelled 
"Slop". 

You can now play back the sample by pressing the Soft Button labelled 'Tlay". 
You can stop the playback by pressing "Stop". If you like, you can hear the sample 
over and over by moving the Play fader to RPT, and you can stop it playing by 
pressing Stop. 

If the recording is unsatisfactory, turn off Safety and try it again. 

There are minor differences in recording procedures among the various 
sampler programs. In stereo programs, there wall be no Source fader, because both 
inputs are active. In the "M" and "St" programs, there will be no Select fader, as you 
can only deal with one sample at a time. Also in those programs, the recording 
countdown will start at about 16.7 or 33.5 seconds, because that is the amount of time 
in the sampler memory. In die M-12 and St-6 programs, the countdown time will be 
different depending on die number of samples in memory. We’ll cover this in detail 

lalcr on. 
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Editing a sample 

Press the Play button The sample you have just recorded will play back, and a 
"countup" will appear above the Play button. You can stop the sound at any time by 
pressing Stop. 

Now Go to page 2 by pressing Make sure the Select fader is still on'T" The 
second and fourth faders on this page, marked "Begin" and "End" are used to find 
the precise beginning and ending point of the sound that you want to hear within 
the sample memory. The faders work differently on this page than anywhere else In 
the ADR 68K’s operation. Instead of setting them to an absolute position, the faders 
are used to increase or decrease the beginning and end points in a relative manner. 

Mere's how you use the "Begin" fader to find the beginning of a sound. When 
you first come to this page, the value above the fader will read "0.000''. Move the 
fader upwards, and as yuu pass the center point, you will see the numbers start to 
change. You will also start to hear 20 millisecond-long "slices" of the sample, playing 
at a rate somewhat slower than what they were recorded at. In other words, at the 
moment the display reads "0.760", you are hearing the section of the sample from 
760 to 780 ms alter the beginning of the sample memory. Note that the position of 
I he fader does not directly correspond with the value of the numbers — instead the 
fader position controls the rate of change of the numbers: as you move the fader 
further up. the numbers change faster, and the slices of the sample come more 
rapidly. 

When you find the beginning of the recorded sound (if you have used 
automatic recording, this should happen very quickly), move the fader back to the 
center position, and the numbers will stop changing, and the sample slices will stop 
sounding. You will probably have gone past the beginning of the sound, so in order 
to get the Begin value to go down, move the fader slightly helaio the center point, 
and you will hear the sample start to play "backwards". (It's not really playing 
backwards — the 20ms slices are playing in the right direction, but the slices 
themselves are coming out in rejerx order.) Again, the distance of the fader below 
the center point will determine how fast the Begin value will change and how fast 
the sample slices will be played. 

When you again hear where the sound begins, move the fader back to the 
center. If you can't quite get the motion of the numbers to stop precisely where you 
warn, you can use the "trim" fader immediately to the right of the Begin fader. The 
trim fader increments the Begin value in 1-ms steps, and as you move it, you will 
hear 1-ms slices of the sample. The trim fader works like a normal ADR 68K fader, 
in that its value is fixed to its position. Its center point is zero, and it has a range A 
±63 ms. 
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Note that when you are moving the faders, the slices of the samples you hear 
are being played at the same pitch they were recorded at — in other words, each 20- 
millisecond slice takes exactly 20 milliseconds to sound. This makes it very easy to 
hear exactly where in the sample you are, because you don't have to identify a sound 
that has been transposed by two octaves or more. What does change as you move the 
fader is how fast those slices will be played one after another. At the slowest rate, 
when the fader is closest to the center, the sample plays at about l/25th normal 
speed. As you move the fader further away from the center, you will find a point at 
which the sample plays back at normal speed. You can go past that point, and at the 
extreme position of the fader, the playback rate is about four times normal. 

Setting the end point of the sample is done exactly the same way, using the 
"End" fader. As you move the End fader, 20-millsecond slices of the sample will 
play, starting at the point indicated as the End value, and you should clearly hear the 
end of the sample give way to silence. You can fine-tune the end point with the trim 
control next to the End fader. Note that because you are listening to a sample slice 
that starts at the End value, once you find the proper end point, if you want to be 
really precise, you might want to adjust the End value with the trim control so that 
it reads 20 milliseconds below the current value. 


Begin End 


Sample after Editing 




0 000s 2.040s 

Original Sample 


li you get confused during this process, and lose track of where the beginning 
and ending of the sample are, you can go back to Page 1 and press the Play button, 
and observe the "countup" as the sample plays. Watching a moving display while 
the sound plays is a good way to help you get oriented as to what happens when. 

At all times during the editing process, even while the values are changing, the 
Play button is active, so you can check your editing “in context" The sound you hear 
will reflect the current Begin and End values at the precise moment you hit the 
button. (You can also hear the sample by pressing the Select button.) You can even 
put the Play fader into RPT mode, which can lead to some interesting effects. 
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The Soil Buttons above the various fadcrs are active during die editing process, 
although, like the fadcrs, their function is a little different. Pressing tlie Soft Button 
above the Begin or End fader immediately sets the fader value to the end of the 
sample register, e.g., 2.096, 33.524, etc, while pressing Shift-Soft sets the value to the 
beginning of the sample, i.e., zero. 

The Soft Buttons above the trim controls behave much more conventionally: 
pressing one of them increments the appropriate value by 1 ms, and pressing Shift- 
Soft decrements the value by 1 ms. Note that these Soft Buttons have both "auto- 
repeat" and "accelerating" characteristics: if you hold one of them down, it will 
continue to increment (or decrement) the starting point, and if you continue to hold 
it, the rate of change will increase 

Once you set Begin and End points for a sample, those points slay with the 
sample until you specifically reset them or erase the sample (e.g., by going to another 
sampler program). When you edit a sample, the parts you edit out are not lost — 
they stay in memory as long as the power stays on (or until you record over them), 
.uid they can be retrieved at any lime simply by moving the Begin and End points 
apart, so that the sounds are once more included in the edit "window 7 '. If you are 
using a portable sampling program, you can even leave the program and go to a 
reverb or effects preset, then come back to the sampling program and re-edit the 
Sampled). 

Sample editing does not have to be limited merely to dipping silent ends off. 
You can also extract a single note from a musical line, or a single syllable from a 
spoken phrase. Because the edited portions are not lost, you can record a long phrase 
in one of the longer samplers, and play back different portions of it at different times, 
using the Begin and End fadcrs to determine the current "window". 


J- »eo 



I i I — I 1 1 

Bng*n End Bogin End Begin End 

0.030 2.000 3.0C0 4.000 4.333 5.667 
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Once you set the Begin and End faders for a sample and you re-record it, the 
actual section of memory the new sample will occupy will be the section defined by 
the Begin and End values. Therefore, if you start with a 6-second sample, then edit it 
down to 4 seconds, and then want to re-record it, you’ll find that when you go into 
Record, the countdown will start at 4.0 seconds. If you want to record over the entire 
original sample, you will have to set the Begin and End faders back to their original 
values. 

You will notice an interesting effect if the Begin value is higher than the End 
value: you will hear the end of the sample first, and then the beginning. This is not 
"backwards sampling" — the unit is simply "wrapping" the sample around itself. 
Although this feature is not one we expect will be employed frequently, it does have 
its uses, such as when two words in a spoken phrase need to be reversed. 



Sample "Wrapped" by setting Begin 
higher than End 
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Sample envelopes 

Besides adjusting the Begin and End points of a sample, you can also impose a 
volume envelope on it, similar to an envelope generated by a synthesizer, to allow 
iur smoother attack and decay of the sound. On Page 3 or 4 of all of the sampler 
programs is a group of three faders marked Select, Attack, and Decay. Select chooses 
the sample to work on (if there are more than one), and Attack and Decay do just 
what they say. The attack and decay curves are linear, with a range of 0 to 970 
milliseconds. 


original sample 



1 3.3 secs 1 


r envelope = 



jck t.me- aocay tima- 

1 .0 sec 0.5 sec 


Modifying a Sample with 
the Attack and Decay faders 



The envelopes are linked to the Begin and End points, so dial moving the 
Begin time will alter the point within the original sample at which the attack starts, 
but the slope of the attack will not be changed. If an attack time is longer than the 
sample length itself, then the sample will never reach peak volume. The decay time 
cannot be set longer than the length of the sample. If you set a decay time and then 
edit the sample so that it is shorter than the decay time, the decay lime will 
automatically change to fit 

If you slop the playback of a sample that has a decay envelope on it, the sample 
will not stop immediately, but instead the decay envelope will take over. This is 
explained more fully a little later on. 
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Playing back samples 

[Vlanual Playback 

The simplest way to play back samples recorded in the ADR 68K is from the 
sampler presets themselves. If there is more than one sample in memory, first 
choose which sample to play by moving the Select fader, and then starting the 
playback by pressing either the Select or the Play button. (Note that these controls 
appear on every page of the sampler presets.) If there is no sample recorded in a 
selected memory then the Play button for that memory will be disabled. 

As mentioned above, a sample can be set to repeat endlessly by selecting it and 
then moving the Play fader to RPT. A sample playing this way will keep going until 
the Play fader is moved or until you press the Stop button (which only appears on 
Page 1), the CLR button, or Shift and the Play button. 

When samples are recorded using the portable sampler programs, then they 
can also be played manually from within reverb and effects programs, using the 
Select and Play faders and buttons that appear in those programs (often on more 
than one page). 

But the ADR 68K would be a very dull device if it did not allow sample 
triggering more sophisticated than this Therefore, there are several other ways to 
play back samples, using information external to the unit itself. 


Playback from Audio Triggers 

The use of sampled sounds to replace "live" sounds — for example, having a 
car cash occur ever)' lime the drummer hits his third floor tom-tom — is a very 
popular practice. It is often accomplished by allowing a sampled sound to be 
triggered in real time by an audio signal, either played live or on tape. 

In the ADR 68K, any recorded sample can be set to respond to an input trigger. 
Let s try triggering the sample you've just recorded. Go back to Page 1 of the Mono* 
preset, and set the Play fader to "-12db". Send a signal into the Left input of the ADR 
68K. As soon as that signal level reaches -12 dB (as indicated on the LED display on 
the remote control), the sample will sound. It will not stop sounding if the signal 
level drops below -12dB, but will continue until it has played through. You can stop 
it manually at any time, however, by pressing Stop, CLR, or Shift-Play. 


The Play fader on any page of the sampler preset can be used to set Ihe input 
trigger level. (Note that there is only one Play fader per sample — it just appears in 
more than one place, if you set it on one page, that setting will remain when you 
change pages.) Setting the fader to -42 dB means that almost every time a signal 
comes into the ADR 6SK, the sample will trigger, while setting it to "UM" means 
only the very loudest input signals will trigger the sample. The trigger levels all 
correspond exactly to the levels shown on the LEDs of the remote. 
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The sample will be played when the input level crosses the threshold in an upward 
direction. If the input level lalls below the threshold, and then goes back up above it, the 
sample will trigger again. 


Sample output 



Triggering a Sample from an Audio Source 


If the sample is still playing from the first trigger, it will be interrupted. Rapid 
changes in the input signal will produce the popular "stuttering" effect. 



Sample being re-tiiggered before it finishes 


AKG ADR 6SK — rev 4.0 — Chapter 6 



Page ns 


A sampler will respond to an inpul trigger on only one input channel. The 
Source fader on Page 1 of the sampler preset will determine which channel will 
trigger which sampler. If a sample has been recorded with the Source fader set to 
Left, i.e., from the Left input, then it can only be triggered from a signal at the Left 
input. However , this can be changed after the recording is made by moving the 
fader, which means that the fader essentially has two independent functions. 

Therefore, for example, a sound can be recorded from the Right input into sampler 
#4, and then the Source fader for sampler #4 can be reset to "Left", so that only 
signals at the left input will trigger the sample playback. 

The exception to the above rule is when you are using the stereo samples. 

In that case, odd-numbered samples (1, 3, and 5) can only be triggered from audio at 
the Left input, while even-numbered samples (2, 4, and 6) can only be triggered from 
the Right input. In the "St" program, there is only one stereo sample to be triggered, 
and it reads the left input. 

Except in the portable samplers, any number of stored samples can be made 
to sound simultaneously. This has all sorts of creative possibilities, especially under 
MIDI control, which we’ll get into in the next chapter. 

If you press the Mute button, the inputs triggering the Samplers are 
disabled for as long as you hold the button. You can latch the button by pressing Shift- 
Mute. 


Playback from MIDI and other Triggers 

Samples can also be triggered from MIDI sources, like a keystroke on a 
keyboard, a press of a MIDI pedal, or a note coming from a MIDI sequencer. In 
addition, they can be triggered from other electrical sources, like a footswitch, 
potentiometer, or synthesizer control voltage, using the 1 /4-inch jacks on the back of 
the ADR 6SK's remote control. These functions are set up from the MIDI menu, 
wliich is accessed by pressing the "MIDI" button on the remote control. Using this 
menu will be discussed in the next chapter. 

As noted above with input triggering, if before a sample finishes playing, it 
is retriggered in any manner from any source, the playback will be interrupted and 
the sample will start again. 
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Slopping playback 


Playback of a sample can be hailed ai any lime by pressing ihe Stop button 
on the first page of the Sampler program; by pressing Shilt-Plav or Shift-Select on 
any page in any program; or by external or MIDI control. Normally/ when the 
sample is stopped this way, it stops playing immediately. However, if the sample has 
a Decay envelope, slopping the sample instead starts the Decay envelope, so the 
sample dies away instead of ceasing abruptly. This does not happen, however, if the 
Slop command occurs after the Decay envelope has already started by itself. In other 
words, if you have a two-second sample with a decay envelope of one second, if you 
tell the sample to Stop 1.5 seconds after it has started, the Decay envelope will 
already have started, so the Stop command will be ignored. 


Decay lime- 
1 0 sec 



Original sample 
with Decay envelope 


Stop command 



Stop command received 
before Decay starts 
shortens sample 



I 2.0 secs 


Slop command received 
after Decay starts 
has no effect 


Setting Sample Output Levels 

The last page or two of each of the sampler presets handles output mixing. 

I lere you can set the levels and balances of the various samplers and the various 
outputs. Each sampler (if you are using more than one) has its own level control for 
the main outputs, which is accessed with the Select fader on the mixing page (if you 
are using a sampler preset with multiple samples). If the sampler is mono, there wnll 
also be a balance control, which reads from hard left ("*-100"), to center to 

hard right ("100-»"). In addition, the M-12 and St-6 programs include a separate set of 
controls for the aux outputs, so that you have a choice of four destinations for each 
sampler. 

As noted above, you can mix the the portable samplers into the aux 
outputs, but that function is handled within the appropriate reverb or effects 
program, not within the sampler program itself. Also, in some programs, there will 
be no balance controls available when mixing samples into the aux outputs, in 
which case odd-numbered samples will appear at the Left aux output, and even 
numbered samples at the Right. See Appendix C for details on how each particular 
program handles the auxiliary outputs. 
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When you are using portable samplers in other programs, any level and/or 
balance sellings created within the sampler presets are ported over to the reverb or 
effects programs along with the samplers, and appear on the output mixing page of 
the reverb or effects program. Conversely, if changes to the main sample output 
levels are made within a reverb or effects program, they will show up in the sample 
preset when il is recalled. 

Sample mixing parameters are not stored with any preset, but 
slay active as long as the sample is intact. There is only one set of "master" controls 
for each sampler, and it stays the same whether you change from a reverb program 
back lo die sampler program, or go from one reverb or effects program lo another. 
More details on using the output mixers with samples will be given later in tliis 
section. 


Note that the level and balance controls can be moved while the sample is 
playing, and will affect the level and/or stereo placement of the signal in real time. 

Pitch-Changing Samples 

Two of the sampler presets, "M" (register F6.3) and "St" (register 1-6.4) allow 
the sample lo be played back at a different pitch than the one at which it was 
recorded, up to one octave above or below the original pitch. This function is 
handled on Page 3 of each preset. 


M, Mono 32sec Sampler IF£.3) 


7'inirg 


Method Amount Fine 

Play 

4 -324 + 8 

MAN 


The first fader on the page determines how the pitch change will be 
displayed: as a percentage, in musical half-steps, or as a musical Interval. The second 
fader determines the "Amount" of change. In the "%" Method, the resolution of the 
Amount fader is 2% going positively and 1% going negatively (there is also an 
extra-large "0%" area on the fader, to allow easy centering). In the other two 
Methods, the resolution is a half-step (or minor 2nd) in both directions. 

The third fader, "Fine", is calibrated in cents, or 1 /lOOths of a half-step (1200 
cents = one octave), with a range of ±200 cents (a whole step or Major 2nd) and a 
resolution of 4 cents. Note that the maximum pilch change in any direction is 
always 1 octave, so if the Amount fader, for example, is set to +100%, positive values 
uf the Fine fader will have no effect. 

By the way, there is a minor inconsistency in the way the ADR 68K handles 
samples whose pitch is being drastically changed. At extreme settings of the tuning 
parameters, the output of any sampler destined for the left channel (that is, a mono 
sample whose balance is set to <-100 or the left side of a stereo sample) drops off 
somewhat, while the output destined for the right channel (a mono sample balanced 
to 100-* or the right side of a stereo sample), migrates over to the left audio output. 

This effect is less pronounced on the Aux outputs than on the main outputs. 
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Multiple Samples 


The ADR 68K lets you work with up to 12 samples at the same time, 
depending on the program. This section will deal primarily with recording and 
editing multiple samples. Triggering and playing back more than two samples al a 
lime is a job for MIDI, and so that subject will be covered in the next chapter. There 
are restrictions on the number of samples that can be triggered within a reverb or 
effects program, which are outlined later in this chapter. 


Recording multiple samples into the portable sampler programs, Mono* 
and Sler\ is a straightforward procedure, similar to recording single samples. The 
length of each sample is fixed 

Begin and end values; 

U.OOO 2.WS A. 086 6.134 8.096 10.144 

* * * Ki * 


at 2.04 seconds, and when you 
access a particular numbered 
sampler with die Select fader, 
you always are working with 
the same segment of memory. 
You can shorten a sample as it 
plays, by moving the Begin 
point up and/or the End 
point down, but you can't 
lengthen it or make it overlap 
another sample. 


Sample 1 -ifr- 2 -A}- 3 H|h 


5 4 


■33.5 second sample memory 



Portable ("•'’) Sampler Programs 
have fixed memory segments 


However, there are far fewer restrictions on the other sampler programs. These 
programs perform the functions of what is often known as a "window recorder", by giving 
you a large amount of memory to record sound into, and then letting you access any 
portion of that memory you like. 

The programs M-12 and St-6 are multiple- window recorders, in Which each 
window can be resized. When you record samples into one of these programs, initial 
values for all of the windows are automatically calculated based on the length of each 
recorded segment. Here's how this is accomplished in preset M-12: 

When you record into sampler 1 # you have a blank 33.5-second memory 
available. When you start recording, the display starts counting down from 33.5 seconds 
I et's say you press Stop after 6 seconds. Now if you move the Select fader to sampler 2 and 
start recording, the countdown will start at 27 5 seconds, which is equal to 33.5 minus the 
amount of time occupied by the first sample. If you go to the edit page and move Select to 
sampler 2, you will notice that the Begin time no longer reads "0.000", but instead has set 
itself to about 6 seconds. (In actuality, the ADR 65K sets up a 20-millisecond blank "buffer" 
between samples recorded this way, so the new Begin time will be the precise moment you 
hit the Stop button, plus 20 msec.) 
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Keep recording samples 3, 4, 5, etc, and the countdown will keep starting at 
a lower value as you gradually use up the available memory Every' time you go to 
Page 2 to edit a sample, the Begin value for that sample will reflect where in the 
memory you started recording. (Note, however, that the end times do not change 
automatically, but instead stay at the maximum value.) 

Begin and end values: 



Alter you've recorded the samples, you can edit them with the Begin and 
End faders as described above. You can aiso, if you like, adjust the faders so that 
samples overlap; so that a long sample is divided up into shorter ones; so that two or 
more samples ran be combined sequentially; so that two samples start at the same 
point in memory; or even so the samples come up in the wrong order le.g., by 
setting the Begin and End for sample 3 before the Begin and End for sample 2). The 
ADR 6SK will remember the Begin and End times that you set for each sample. If 
you want to re-record a sample, you can do so. and only that section o) memory 
between the Begin and End points that you have set for that particular sample will 
be affected, and the recording countdown will start at the number of seconds 
available in that section (End value minus Begin value). Of course, if the Begin and 
End points you are recording between happen to overlap any other samples, those 
samples will be affected as well. 

If you use up all of the memory in the first few samples, eg., the end of 
sample 3 occurs at 33.5 seconds, the ADR 68K will let you continue to record 
samples, but they will be almost infinitely short, with their Begin lime set at 33.523, 
which is 1 msec before the end of the sample memory. You can change that value by 
going to the edit page, but remember if you then try to record, you will erase some 
sound already in the memory. 
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Activating unrecorded sample memories 

There are limes when you are going lo want to use a sampler memory 
Without actually recording any dung into it For example, say you have recorded a 
spoken phrase, and want lo be able to access different words within it. The ADR 68K 
allows you to "activate" emply sampie memories. Here's how: 

Record the phrase inlo sample 1, using up as much memory as needed. 
Now move the Select fader lo sample 2. Instead of pressing Record, however, turn 
(he Safety switch ON. Now sample 2 is active, even though it has had nothing 
recorded in it. You can get it to play back sound by moving the Begin and End faders 
on page 2 to define a part of memory in which something /ws been recorded. Again, 
sections defined in this way can be set to overlap or come up in the wrong order if 
desired. 

(Note that this "activation" function, although it is present in the portable 
sampler programs, is designed for use primarily in the non-portable programs, 
which allow overlapping memory boundaries.) 

Here's a situation where all this might come in handy: you have a recorded 
sample of a long, complex sound, like a pile of tin cans falling down, starting at 1 .000 
second. You can set up three different samplers that access that same sound, but use 
different envelopes, End points, and trigger levels. Now* you can run a signal from a 
snare drum microphone into the inputs (you'll need both inputs because you're 
triggering both odd- and even-numbered samplers) of the ADR 68K, and set up the 


sampler as follows: 

Samplerl Begin 

End 

Attack 

Decay 

Plav (trip)levei 

Main output level 

1 

1.000 

1.200 

0 

70 

-24 

-16 

2 

1.000 

2100 

50 

20 

-12 

-8 

3 

1.000 

6.000 

250 

1000 

-6 

0 


With this setup, hitting the drum relatively softly will trigger a brief, quiet 
"dink" out of the sampler. Hitting it a bit harder will get a somewhat longer, louder 
crash, while hitting it very hard will result in a long, loud, slowly dying catastrophe. 

Note that although the Begin points for the individual samples set 
themselves automatically when you are First "filling up" a sample memory, they do 
not do so after an individual sampler has been recorded into, i.e., when you are 
editing or re-recording a sample. For example, say you have recorded samples 1, 2, 
and 3. Sample 3 started at 3.000 seconds and initially lasted 1.5 seconds. Sample 4, 
which is still emptv, will be set to Begin at 4.520 seconds (3.000 + 1.5 + ZOmsecs) H 
you go back and re-record sample 3 and stop the recording before the full 1.5 seconds 
are used up, the Begin time for sample 4 will not reflect the new shorter value of 
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sample 3, but instead will 
remain at 4.520 seconds. If you 
want to take advantage of the 
extra memory freed up by 
shortening sample 3, you will 
have to reset sample 4's Begin 
fader by hand- 


Original 


h Hi- 2 HI— 3 



4 




Ml- 2 Hi- 3 


f Begin point tar samp e te 
romains unchanged 

il 4 ! 



ie*recorded 


Dividing Up Long Single Samples 



B»gm End B»gin End B«*3 : n 

0 020 2.000 3.000 4.000 4.333 


Vou can also "punch in" a section of the sample memory by selling a Begin and 
End time corresponding to the section you want to replace and pressing Record. The 
recording will stop automatically when the End point is reached. 


Remember that there is a "countup" function on Page 1 of all the sampling 
programs, which shows elapsed time from when the sample started playing (either 
manually or from a trigger) As mentioned earlier in this chapter, this feature can be very 
useful when dealing with long samples in helping you keep track of what events within 
the sample happen at what limes. 

It may seem to you at this point that the M-12 and St-6 programs can handle long 
samples just as well as the M and 5t programs. This is true, but don't forget that only the 
M and St programs allow you to change the sample's pitch on playback. 
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Porting Samples between programs 

VVc mentioned earlier in this chapter that samples recorded with one 
sampler program cannot be used in another sampler program. Although this rule 
was inviolable in earlier versions of the ADR 68K software, it is no longer strictly 

true. 

On the "SYS" menu is a function labelled "Auto Erase", wliich is "ON" 
when you first unpack your ADR 68K or first instail the Rev. 4 software in an older 
unit. When this function is enabled, then moving between sampler programs, or 
moving from a non-portable sampler program to a reverb or effects program, will 
indeed erase the sampler memory. If you turn this switch "OFF', however, the 
sampler memory is retained to a certain degree. 

If you go from one non-portable sampler program to another, e g., from M- 
12 to St, all of the sampler memory will be retained, and you can still use the sounds 
recorded. However, all of the pointers — the Begin and End points that define each 
individual sampler — and all other settings, such as pitch change, envelopes, output 
levels and balances, triggering, etc. will be lost, and will have to be redefined in the 
new preset. You can, if you want record over a portion of a ported sample memory 
without affecting the rest of it. Moving from a stereo program to a mono one will 
cause other changes, as the two modes apportion the memory somewhat differently. 

Going between portable and non-portable programs is more difficult. If you 
have recorded a sample with a non-portable program and go to a portable one, some 
of the sample memory will be erased, and what remains will be fragmented. Going 
the other wav, from portable to non-portable, will give you extra memory to play 
with, but that memory may initially contain various forms of audio garbage. 

Turning the power off and then on again quickly while samples are in 
memory can have an interesting effect, as the memory will scramble itself in 
unpredictable ways. It actually takes quite a long time (20 seconds or more) before the 
memory wipes itself completely. (If the Auto-Erase function is on, the memory will 
dear Immediately on power-up.) 

Storing Samples 

If you do need to use the same samples in more than one program, and 
certainly if you will need them for more than one session, it is often best to store 
them off-line. One method is simply to record them on tape. Obviously you should 
use the highest-quality recording system you have, digital if possible. 

The other method is to download them to a digital storage device, like a 
computer or hardware sequencer, via MIDI. The ADR 68K provides for two types of 
MIDI sample transfer, one using system-exdusive data, and the other using the MIDI 
Sample Dump standard. These arc discussed in the next chapter. 
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Storing Sampler Programs 

If you have used previous versions of tile ADR 68K software, you may be 
surprised to learn that sampler presets can now be saved in the Internal and 
Cartridge registers. This is to allow different MIDI maps (which are described in the 
next chapter) associated with different sampler programs to be stored and recalled. 
The procedure for storing a sampler program is the same as storing a preset from any 
other bank: access the appropriate menu with the Shift and bank keys, find the 
location you want to save in, rename the preset if you want, and Save it 

As always, its a good idea to keep all of your sampler programs stored 
within one bank so as to avoid confusion. It might also make sense to tag all portable 
sampler programs that you store with some special character to help you keep hack 
of them (the asterisk that adorns the Factory portable samplers is not available, 
unfortunately). Remember that sample mixing parameters are not stored as part of a 
preset, so if you have a complex sample mix that you want to save, it's best to write 
down Lite various level and balance settings. Likewise, edit and envelope settings are 
not stored, so they should be written down if you want to save them. 


Using Samples with Reverb and Effects Programs 

One of the ADR 68K's most powerful features is Its ability to play back 
samples at the same time it is performing reverb and effects processing on incoming 
signals. The samples themselves can also be processed at the same time. All of the 
reverb and effects algorithms allow this concurrent use of samples, but the only 
samples that can be used in this way are those recorded with the "portable" sampler 
programs, Mono* and Ster\ 

All of the settings made from the sampler presets — i e., edit points, 
envelopes, trigger levels, and output levels and balances — wall be carried over and 
remain active within the reverb or effects preset (the samplers which employ pitch 
change are not portable) Triggering a sample through a reverb or effects preset is 
handled the same way as within the original sampler program — it can be done 
from the remote, from an audio signal, or via MIDI or the 1/ 4-inch jacks. Remember 
that stereo samples are only sensitive to triggers from one audio input; odd- 
numbered ones Left/ and even-numbered ones Right. 

When the samples are played, they can be sent to the inputs of the 
processor, where they will be treated just like any other input signal, or they can go 
"dry" directly to the unit's outputs, or both. Where the samples end up is handled by 
the input and output mixers, which will be discussed in the next section. As noted 
above, there is only one set of "master" mixing parameters for each sample, and they 
are shared by all presets — if you change a parameter affecting a sample within one 
preset, that same parameter will be changed in all other presets. 

Remember you can always go back to one of the portable sampler programs 
to edit a sample, and then get right back to the reverb or effects program you were 
working in by pressing the Last button. 
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All o! the Sample Trig controls in ilie reverb and effects presets have a R FT 
position, wiiich works the same as the RPT position on the Play faders within the 
Sampler programs themselves. Move the fader to that position, and the sample will 
start to play. Move the fader up and it will stop. There is no Stop button in the 
reverb andVfects programs, but you can stop the sound by pressing Shift-Play, Shill* 
Select, or CLR, or moving the fader. 

There are some interesting uses for this function. One is that it can give a 
constant, reliable sound source for adjusting and testing control parameters within 
an effects preset. Another is that it can create a sonic bed or rhythmic osrinato, which 
will keep going regardless of what’s happening around it 

Note: There is a very important restriction when using multiple samples 
within a reverb or effects program, or within one of the portable sampler pro-ams, 
which will be of great significance when you start to work with MIDI, as detailed in 
the next chapter: Although you can trigger as many samples as you like 
simultaneously, only two motto samples can actually be sounding at any one time. 
and then only if one of them is odd-numbered and the other even-numbered. If, 
while two samples are playing, you trigger another one, one old sample (the odd- 
numbered one if the new sample is odd, the even-numbered one if the new' sample 
is even) will be cut off while the new one plays. Similarly, only one stereo sample 
can be sounding at a time, and new sample triggers will cut off old samples. 


Mixing Samples 


Controls for the samplers show up in the reverb and effects mixers. On the 
Input Mix page of each preset, the “Select”, "LeveT, and “Balance” parameters 
control how much signal from the samples in memory will be mixed into the 
reverberator or effects processor. These controls operate precisely the same as the 
controls within the sample presets. The ADR 68K knows how many, and what kind 
of samples have been recorded: if you try to Select a sample that doesn't exist, the 
Select fader will not access that number, and if you try to change the balance of a 
stereo sample, you’ll find the balance fader is disabled. 

You can play a sample, and thereby check its level and placement, at any 
lime from this page by pressing the Soft Button above the select fader, and you can 
slop the sample playing either by pressing Shift and the Soil Button or Clear. 

On the output pages are more controls, whose nature will vary according lo 
the program. They determine the level and stereo placement of the dry 
(unprocessed) signal from the samplers at the outputs. In some programs, there is a 
lull complement of controls for the aux outputs, while in others there are limited 
controls. If a balance control is not available for a particular path, the display will 
read “LEFT" or “RIGHT” where the balance control would normally be, indicating 
which channel the signal will appear at. If a path itself is not available, the display 
will read “N/A". 
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If a balance control does not appear on the aux output page, odd-numbered 
mono samples will appear only at the Left aux output, while even-numbered ones 
appear only at the Right aux output In the DDL and Chorus algorithms (Factory 
banks 10 and 11) there is no aux output page at all, but the dry samples do show up at 
the aux outputs. In the Split algorithms, the configurations tor sending samples to 
the main and aux outputs change from one sub-algorithm to the next — refer Jo the 
diagrams in Appendix C for details. 



Sample outputs 
with balance controls 


| Sample 1 \- 


Sample 2 | 1 Sample i h 




I Sample 3 h 


Sample 4 | | Sample 3 




1 Sample 5 | 


| Samp e 6 1 | Sample 5 | 

1 L J 


Li i 


r— | Sample 2 


A Sample 4 


SB 


Sample 6 


V 


aux outputs 


Sample outputs 
without balance controls 


The mixers allow you a great deal of flexibility when performing tasks like 
triggering samples. Here s an example. Let s set up a program which will allow us to 
replace a 'live" snare drum and tom-tom with sampled drums. 

First, use the Mono* program to record the replacement snare drum in 
sampler 1 and the tom-tom in sampler 2. Set the snare so that it plays slightly left of 
center in the output mix, and the tom slightly right of center. Finally, add some 
stereo reverb to the samples as they are played back 


l lere's the setup: 


RPI.CE, 

Natural 

_ f «* t\i i ► 

Hall, 

Mi y — 

[14.14] 


Input 

OFF 

— input 

Select 

1 

Level 

Oda 

Bal 

28 


RPLCE, 

natural Hail, 

U4.14I 


. Input 

OFF 

input mix 

Select 

2 

Level 

OdB 
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■t 28 


R?LC£, Haturi 

»1 Hall, 

output y 

Select 

1 

114.14] 

tn y i 
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28 4 " 

E-R’s Rev'b 
-20 dB -15dB 

Level 

-3dB 


R?LCE, Natural Hall, 
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A • v - - ■ - 
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S-R's Rev'b 
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Level 

Bal 
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The input mixer is off, so the live drums don't get into the reverberator at 
all. The sampler outputs, however, go right into the reverberator with no 
attenuation, and are panned slightly left and right on their way in. The samples 
appear at the output, mixed fairly high, and panned again. (For this to work 
properly, or course, the Sample frig levels on Page 2 have to be set up correctly.) 

Here's another example: You have a sung vocal phrase, in stereo, which 
you would like to have play whenever a bass drum hit appears at the ADR 681Cs left 
input. You want it to play without reverb. At the same time, you have a background 
vocal track coining into to the ADR 68K*s right input, and would like stereo reverb 
on that track. Plus, you want to preserve the bass drum coming into the left input, 
and put a little reverb on it. 

First, record the sample and edit it using the Ster* preset Go to the reverb 
preset you want to use, and set the Trig level for sampler 1 moderately high, say -18 
dl3. (Make sure all the other samplers are turned off.) Now set the mixing pages like 
this: 

VCCLGG, Natural Kali, {14.151 

Input fcix 

Input Select Leva! 9a 1 


VOCLOG, Natural Hall, 114.15] 
Main Output Mix — 


These are very simple setups More complex ones might involve multiple 
samplers (for instance, a whole drum set panned across the stereo field), or might 
involve the auxiliary outputs in some novel ways. Certainly the more complex 
programs, like Splits and Multi-Effects, invite exploration of the possibilities of the 
input and output mixers. With a little thought and practice, you should be able to 
come up with many new ways to use them. 

Keep in mind that the mixing parameters for the samples will not change 
when you move from one reverb preset to another, or when you go back and forth 
between a reverb preset and a sample preset. They will, however, reset themselves 
when you change sampler programs (unless you go between two programs that use 
the same sample format, for example, "M* arui a variation on M that you have 
stored in an Internal register). 

Also remember that the mixing parameters are not stored as part oi a preset 
— either in a reverb or effects program, or a sampler program — although the 
reverb input and output mixes arc stored. Therefore, if you have concocted a 
complex multi-sample mix which you would like to preserve, you should write 
down the various balance and level values before you shut off the power or load in a 
new set of samples. 

AKG ADR 6SK — rev 4.0 — Chapter 6 



rev *»' 0, Deceml'cr 1987 


Page 125 


Ohapte 1 

MIIO]I 


The Rev. 4.0 software of the ADR 68K has an extensive MIDI 
implementation, allowing comprehensive remote control over the unit in a variety 
of modes: 

• It can receive program changes, and assign them to specific presets. 

• It can send and receive system-exclusive dumps of all or some of its memory 
registers, and cart also send and receive samples, using either svstem-exdusive or the 
new MIDI Sample Dump Standard. 

• It can act as its own MIDI "instrument", sending all fader and button moves to a 
sequencer in real time using MIDI continuous controller commands, where they can 
be recorded and played back 

• Every control on the ADR 68K can be assigned to respond to virtually any type of 
MIDI command, from a live performer or a sequencer. 

A MIDI implementation chart appears later in this manual in Appendix B. 
The ADR68Ks system-exclusive data format is available from AKG Digital. 

MIDI functions are accessed by pressing the "MIDI" button on the remote 
control. This brings up a display with six choices 

The Setup menu has controls to enable overall MIDI reception; to select a 
MIDI channel to work with or put the unit in Omni (all channels) mode; to enable 
reception of program change commands; to enable reception of System-exclusive 
data generated by an external editor; and to enable a special "MIDI Remote Control” 
mode for recording control movements on the ADR 68K into a sequencer and 
playing them back. 

The Map menu allows you to assign specific registers in the ADK OSK to 
specific MIDI program change numbers 

The Send and Receive menus enable bulk dumps over MIDI of the 
control parameters that define one or more presets, and of samples recorded with 
the ADR 68K. 
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The Parameter menu allows specific MIDI events, including notes, 
velocities, and continuous controllers, to be assigned to specific faders and buttons 
within a preset. In addition, this menu determines the functions ot the four 1 /4-uich 
jacks at tlie rear of the ADR 68K s remote control. 

Finally, the Test button allows you to perform a check of the unit's MIDI In 
and Out jacks, and also provides a way of testing MIDI cables. 

The MIDI functions are accessed from within a preset, and you can always 
get back to the preset by pressing "T" one or more times. 

Main functions 

Pressing "Setup" accesses most of the main MIDI functions. These 
functions are not Preset-spedfic - i.e., they do not change when you change presets 
All of the controls on this page are operable with either the fader or the Soft Button 
underneath their labels. 


0*3 tC 

mid: setup 

— AutO-Midi — 

■t- 

Master 

Chan SysEx 

xrr.it. 

Recv 

PgChng 

ON 

II OFF 

ON 

OFF 

ON 


"Master" enables and disables the MIDI functions. If it is Off, it means that 
the ADR 68K will not respond to MIDI commands at all. (However, any MIDI data 
appearing at the "MIDI In" jack on the back of the mainframe will soil be echoed to 
the ''MIDI Thru" jack.) 


"Chan" sets the MIDI channel on which the unit will send and respond to 
information, from 1 to 16. Setting this control to "Omni" means that the unit will 
respond to MIDI data on any channel, and will send data on Channel 1. 


Turning on "SysEx" allows the unit to accept a single preset definition, via 
MIDI system-exclusive, into the current register, in real time. This feature will be 
useful with any editing software that may become available for the ADR o8K and a 
personal computer, in that it will allow complete presets to be sent from the 
computer and tried out on the unit itself, without storing them permanently in 
memory If you want to store the preset permanently, you must use the customary 
procedure of picking a register and Saving. There are oilier sets of controls for 
transmitting preset definitions, or for receiving bulk parameter dumps , which 
we'll get to in a moment. 
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"Xmit", when turned on, enables a specai mode called "Auto MIDI". This 
function is used for real-time recording of fader and other movements of the ADR 
r>8K’5 controller into a sequencer. We will cover this in detail a little later. 

"Recv" is the flip side of "Xmit" When it is enabled, information in a 
sequencer that was previously recorded from the ADR 68K can now be played back to 
control the unit. Both Recv and Xmit can be enabled at tire same time. 

"PeChng" enables incoming MIDI progrant changes to call up ADR 68K 
registers. Which program changes call which registers is the job of the "Map" menu, 
described below. 

All settings in the Setup menu are permanently retained in non-volatile 
memory automatically. If '*Xmit" is left on when the power is turned off, the ADR 
68K will start transmitting MIDI data as soon as it is powered up again, and it 
"SysEx" is left on, the unit will be externally controllable immediately on power up. 

The other main MIDI function is Test, which is accessed from the main 
MIDI page. If you connect a MIDI cable between the unit’s MIDI Out and In jacks, this 
lest will tell you if there is continuity (Use a straight cable — any splitters or T.iru 
boxes" may interfere with the test.) If the test fails, either the cable is no good, or 
there is something amiss with one or both of the MIDI jacks. If you know that the 
MIDI jacks are operating properly, then this feature can be a convenient MIDI cable 
checker. To get back out of the test, press the ,,T " button one or more times. 
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Assigning program changes 


Midi Map Albert, uacusai Hall 

-Midi— ADR Register 

Prograrr. Type Bank Register 

3 1NT 4 15 Save: 


The "Map" menu is used for determining how the ADR 68K responds to 
MIDI program-change commands. This function allows you to specify which register 
is called when the unit receives a particular program change. MIDI program changes 
are numbered 1 through 128, and each of those numbers can be mapped to a 
corresponding ADR 68K register. (Some manufacturers of MIDI equipment label 
Lheir program changes 0-127, which actually conforms closer to the MID! 
specification. If you have such a piece of equipment, simply add I to all of your 
program change commands when you are construcLng a map for the ADR 6SK.) 

The ADR 68K comes from the factory with a "default" MIDI map. In this 
map, the first 10 presets in each of the 11 Factory banks are assigned MIDI program 
numbers in order; i.e., registers Fl-1 through FI. 10 are assigned MIDI program 
numbers 1-10, F2.l-F2.10 are assigned 11-20, F3.1-F340 are assigned 21-30, etc. The 
first fader or: the Map page lets you scroll through and view the entire map. As you 
scroll, you'll see the number of the program change, and the name of the assigned 
preset, its register number, and its algorithm. 

If you want to change the map. here is the procedure: Suppose you want 
MIDI program 3 to recall register 14.15. Move the first fader so that the number 3 
appears under the word "Program". Move the second fader until the word "INT" 
appears Then move the third fader until Bank reads "4", and the fourth until it 
reads "15". 

You will notice that as soon as you move the second fader, the word ' Save" 
starts to blink, indicating that you have made a change. If you press Save, the change 
will be recorded in non-volatile memory, and will stay there until you edit it again 
(or Reset the machine), and the blinking will stop. Note that each change in a MIDI 
mar has to he saved individually; if you don't press Save after you make a change, 
then as soon as you move the Program fader, or leave the menu, the change will be 
lost. 


For the sake of convenience, particularly in live situations, more than one 
MIDI program change can be assigned to a particular register. This is so when a synlh 
player, for example, who is slaving the ADR 6SK to his master keyboard, switches 
between low brass and high brass patches, he does not have to change the reverb 
setting as well. 
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In addition, an empty register can be assigned a MIDI program change If the 
unit receives a program change that is mapped to an empty register, it is ignored, 
and Lire current program is maintained- This is useful in situations where you need 
to control the programs on an ADR 68K and another MIDI device simultaneously, 
but you have only one tree MIDI channel. Vou can set up the ADR 6SK so that it 
responds only to program changes below 65, assigning all other program changes to 
empty registers, and set up the other device to respond only to numbers above 64. 

Another way to ensure that a MIDI program change will have no effect is to 
set the first fader to the program change number, then move the fader under ‘Type ' 
all the way up until " — " appears, and press Save. The program change will now be 
mapped to a non-existent register, and therefore ignored. 


MIDI Program Changes 



Registers 


Registers 

Reyi3l0' 2. ' 




Hoaistor 2.3 


ftaoistor 24 


Register 1 .5 


Register il 
RBQiSter 2.0 




Ron.stor2.i0 


Roa.Blor 1.10 


Roots W 1 1 


Roqisier 2 


Recrstwr 2.14 


V Heaisior 2.15 J 


non-cxis'-onc 
* roots!*: 


The MIDI program change map can be completely disabled, without 
altering it, by turning off the "PgChng" switch on the MIDI Setup page. 
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Parameter dumps 

All of the parameters that describe a particular preset or an entire bank of 
presets can be sent over MIDI to another device, using system-exclusive data. This is 
useful for storing the preset information "off-line" in a computer or hardware 
'librarian" that can deal with that kind of data, and can restore it to the ADR 68K 
later on. It allows you to design and save an unlimited number of presets. It’s also 
useful if you have two ADR 68Ks and want to get presets from one to the other 
without entering all the information and adjusting all the controls by hand. 

The "Send" page lets you send all of the data in every register in the 
Internal bank (press "All INT"), or just the current register (press "Current"). If you 
want to send the Cartridge registers, you must hist Swap them with the Internal 
registers, as described in Chapter 4. (There is no need to send Factory registers, as they 
are always there, in all ADR 68Ks.) 


Send Samples or Registers via Kidi ^ 
Currant register is: ALBERT, [24. 151 

SysZx MMA 5DS->1 2 Current All INT 


After data has been sent, a message appears telling you so. 

The "Receive" switch on the main MIDI page opens up the unit’s Internal 
memory to receive bulk parameter data over MIDI. The Receive function will only 
accept a complete internal memory, not just one register or bank, and so will erase 
any existing internally-stored registers. (If you want to receive just one preset, use 
the SysEx switch on the Setup page, described above.) The program gives you a 
chance to change your mind alter you have chosen "All Regs" 

Receive Samples or Registers aver Midi ^ 


SysEx MK& 5DS All Rogo 


If you have a MIDI sequencer with the ability to handle system-exclusive 
events within a sequence, you could conceivably store an entire preset (not just a 
program -change number) in a sequence using the Xirut function, and have it play 
back into the ADR 68K in real time, with the SysEx switch on the Setup page enabled 
(the SysEx switch on the Receive page is for samples — don’t get confused). 
However, this amount of data coming out of a sequencer could dog the MIDI data 
line, so it is not recommended except under special conditions. 
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Sample dumps 

With the Rev. 4 software, samples recorded with the ADR 68K can now be 
off-loaded over MIDI. The Send and Receive pages have controls for sending 
samples as well as parameters. 

Samples can be sent (downloaded) only from within a Sampler program 
With the numeric keypad or from the bank menu choose the sample program that 
was used to create the current sample (or a variation of it). Choose which sample 
you want to download with the Select fader Now press "MIDI" and "Send" 

The first two Soft Buttons control how the sample is going to be sent. 
Pressing "Sysex" sends the information as MIDI system-exclusive data. "MMA SD5" 
sends it in the Midi Manufacturers Association "Sample Dump Standard" format. 
When you use the SDS format, the third fader lets you choose whether to send the 
sample in 16-bit or 12-bit form 

There are advantages and disadvantages to using each of these formats, 
which will determine which one you will choose. 

System Exclusive ("Sysex") Pros: it is the fastest way to transfer the 
samples; stereo samples can be sent and received; full 16-bit fidelity is always 
maintained; many software products are available that let you receive, store, and 
send system-exclusive data; attack and decay envelopes are stored along with the 
sample; open-loop operation (in which only one MIDI cable is used, going from the 
ADR 68K to the receiving device) is possible. 

Cons: there is (as of this writing) no way to edit samples which have been 
downloaded in system-exclusive format; samples downloaded this way cannot be 
uploaded to any other device, like a sampling keyboard, except for another ADR 68K. 

Sample Dump Standard ("SDS") Pros: Excellent software exists fur 
manipulating and editing samples with a personal computer; samples can be 
transferred to a large number of keyboard and rack-mount samplers; you can initiate 
a sample dump externally, for example, from a computer running a sample-editing 
program. 

Cons: Existing sample-editing software only deals with 12-bit samples, so 
some fidelity will be lost; the standard has no provisions for stereo samples, so if you 
try to download a stereo sample only the Left channel will be sent; any attack and 
decay envelopes you have created arc lost; the process is somewhat slower than 
using system-exclusive; closed-loop operation (in which two MIDI cables are used, 
one from the ADR 6SK to the receiver and the other from the receiver to the ADR) 
is essential, or the transfer will take a very long time and some deterioration of the 
sample may result. 
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Once you initiate a sample dump, a message appears on the screen telling 
you how much time is remaining in the procedure. You can press any button on the 
remote to cancel the operation at any point. To avoid confusion, if you cancel a 
sample damp halfway through, make sure that you also cancel the operation on the 
receiving device — most storage devices cannot handle "partial dumps". Press the 
"T" key to get back out of this menu. 

The procedure for reloading ("uploading") samples back into the ADR 68K 
is quite similar. First make sure that a sampler program is in the current register 
(you cannot upload samples into a reverb or effects program), and use the Select 
fader Lo choose which sampler you are loading into. (This number does not have to 
match the number of the sampler as it was downloaded; e.g., you can download a 
sample from sampler number 12 and upload it back into sampler 1.) Go the 
"Receive” page from the main MIDI menu, and press either the "SysEx" or "MMA 
SDS" button, depending on the format of the sample you wish lo upload (if you are 
uploading an SDS file, the unit will automatically know whether it is 12- or 16r-bit). 
Now send the sample data from the source into the ADR 68K‘s MIDI input. 

Before you upload a sample, it’s a good idea to make sure that there is 
enough room to hold the whole thing in the sample memory you've chosen. Go to 
I’nge 2 of the sampler program, and adjust the Begin and End points so that they are 
far enough apart to accomodate the entire sample. If there is not enough room, the 
upload will still work, but the end of the sample will be cut off. 


ADR 68K 
sample memory 


sample to be uploaded 


Sample will be truncated if there is 
not enough room to upload it 

Also watch out that when you upload multiple samples, you don’t upload 
more than one into the same portion of memory. It's a good idea to upload samples 
i/i numerical order to avoid confusion, but note that unlike when you are recording 
multiple samples, the ADR 68K will not automatically set Begin points for 
subsequent samples when you are uploading them — you will have to set each 
Begin point by hand before you upload. 
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A downloaded sample does not know very much about where it came from 
— specifically what type of ADR bdK program was used to create it (e.g., mono, 
stereo, fixed-length, etc.) — so vou can create a sample with any of the sampler 
programs, download it, and then upload it into any other program. Be aware of the 
following discrepancy, however, if you download a stereo sample, and then upload 
it into a mono sampler, the right channel wxU be lost; similarly, if you upload a 
mono sample into a stereo sampler, the right channel will have no data in it. 

Note also that when you download a sample, only the portion of the 
sample that lies between the Begin and End points on the second page of the sampler 
program get sent. In other words, if you edit out the beginning of a sample, 
download it, and then upload it again, the portions you have edited out will be lost 
permanently. If you want to save all of the original sample, make sure the Begin and 
End faders are at their original value when you download. 

Note: During sample up- and downloading, you may hear spurious noises 
from the ADR 63K's audio outputs. This is perfectly normal — turn down your 
monitor outputs if you find them overly annoying 


AKG ADR 68 K— rev 4.0 — Chapter 7 



Page 134 


Live MIDI Control of the ADR 68K — 
the Auto-MIDI Mode 

As MIDI sequencers, controllers, and processors become more sophisticated, 
more demands are being put on tire standard, particularly in the realm of studio 
automation. Recognizing this, the ADR 68K has been designed so that all of its 
functions can be controlled externally by MIDI, either live from a keyboard or other 
controller, or from a sequencer, which may m turn be controlled from audio or 
videotape, or some other Liming source. 

The Auto-MIDI mode is a special feature of the Rev. 4 software that allows 
the unit to be used in conjunction with a MIDI sequencer, with a minimum of effort 
by the user. 

In this mode, each of the six fadeis and 38 buttons on the remote controller 
is automatically assigned a specific MIDI command. Moving a fader, or pushing or 
eleasing a button, sends that particular command out the MIDI Out jack, and it can 
then be recorded in a sequencer. (The MIDI channel which the data is assigned to is 
determined by the "Chan" fader on the main MIDI page — if it is set to "Omni", the 
transmit channel is 1.) 

Similarly, the unit will accept this data from the sequencer, and "perform" 
(electronically, not physically) the fader movements and button pushes accordingly. 
Although the faders and buttons do not move when the unit is receiving MIDI data, 
the displays do change. 

This mode is turned on by the "Xmit" and "Recv" controls on the MIDI 
Setup page. Hither or both switches can be turned on at any time. 

Any operation possible with the ADR 68K can be controlled via MIDI 
through tli is mode. Not only can parameter values be changed in real time, but 
inputs can be cleared and muted, outputs can be remixed, registers can be loaded and 
saved, program configurations can be changed, MIDI assignments can be 
restructured, and even samples can be recorded, edited, and played back, all 
automatically. The data sent out reflects the absolute positions of the faders and 
buttons, so if you make a minor adjustment in some parameter value, it will not 
affect subsequent fader movements. 

However, there is a need for caution when using this mode. Remember 
that all of the ADR 68K’s controls are context-sensitive — that is, the effect that 
moving a particular fader will have is dependent on what preset and page you 
happen to be on. The Auto-MIDI controls are "dumb", in that they know that a fader 
is supposed lo moving, but they know nothing of its context, or what it's really 
doing. 
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Therefore, recording a sequence in this mode should be regarded essentially 
as 3 linear operation — start recording the sequence, perform all the program, 
parameter, etc. changes you want in the sequence, and then stop* Overdubbing is 
possible, as long as movements you overdub do not contradict or otherwise interfere 
with movements previously recorded. Punching-in on a previously recorded 
sequence is only recommended if the punch-in continues all the way to the end of 
the sequent*, since die ADR 6SK will have no idea where it's supposed to be if you 
punch-out in the middle. 

Adhering to the following principles will help to prevent problems; 

1) Always start the sequence playing from the beginning. If you start in the 
middle, the ADR 68K will most likely be in the wrong state, and the fader and button 
actions will have all Lite wrong effects. 

2) The first command that the ADR 6SK should see at the beginning of a 
sequence should establish a "reference point" for it to work from. Therefore, when 
you start recording the control sequence, immediately call up a stored register using 
the numeric keypad on the ADR 68K’s remote This is an unambiguous command, 
which will always put the ADR 68K in the same place, i.e., page 1 of a particular 
preset, every time you start the sequence. 

3) Stay away from commands that may have more than one possible 
response. For example, if you decide to call a sampler preset from the numeric 
keyboard, what will happen next will depend on whether there is data already 
recorded in another sampler program If there is, you’ll get the "WARMING: 

Samples will be lost..." message, but if there is no data, you will not get the message. 
The sequencer has no way of knowing this is happening, and cannot possibly know 
the proper way to respond. Similarly, if you want to record a sample, the sequencer 
has no way of knowing whether the particular sample you’ve chosen already has 
data in it, and therefore doesn’t know whether the Safety switch needs to be turned 
off before you can start recording. 

4) When "Recv" is enabled, the ADR 6SICs controls are still "live". You can 
make adjustments, but be careful that what you do does not interfere with the 
sequence of events, i.e., don’t go to a different page or register if you know that there 
are fader movements coming up. 

5) If you have "Xmit" and "Recv" enabled at the same time, for 
overdubbing or punching in, make sure any "Echo" or "Thru" function in the 
sequencer is turned off, or you’ll end up getting doubled commands, which will 
cause severe problems. 
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6) Don't play sequences back significantly faster than their original tempos 
The reason for tliis is that sometimes very large fader movements lake a few 
milliseconds to lake effect and it is possible, if you are playing a sequence that has a 
large fader movement followed closely by a button push, that the button may get 
pushed before the fader movement is complete. An example of this would be a page 
change following a long fader movement. If the page change gets executed in the 
middle of the fader movement, you’ll get two fader moves: the first half will end up 
on the old page while the other half will be on the new page If you play back 
sequences at (or not too far from) the tempo at which they were recorded, this 
should not be a problem. 

The Auto-MIDI mode is meant to be invisible to the user, and sequences 
recorded with using it are not really meant for dose editing If you find yourself in a 
position where you must edit such a sequence, however, the actual MIDI commands 
generated by the faders and buttons in this mode are listed in Appendix B. 
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There is another way to control die ADR6SK via MIDI, known as the 
Parameter Mode In this mode, which is equally useful for live performance work as 
for sequencing, particular MIDI commands are assigned to specific ADR 6SK 
parameters, entirely under user controL 

Unlike the Auto-MIDI mode, in which the physical faders and buttons are 
assigned to MIDI commands, in the Parameter mode it is the parameters themselves 
that are under MIDI control — while they are being controlled, the physical faders 
and buttons may be doing something completely unrelated. This mode only works 
in one direction — the ADR 68K can receive MIDI parameter messages, but does not 
send them 


Determining which MIDI commands control which parameters is the job ol 
the Parameter menu, which is accessed from the main MIDI page. The Parameter 
menu lets you map up to ten different MIDI commands to ADR 68K parameters. 
These ten "maps" (which should not be confused with the Program Change Maps 
discussed previously) are not "universal" — instead, they are part of the Preset 
within which you create them, and each preset has its own set of MIDI parameter 
maps. When you save a preset, its MIDI maps are saved along with it, and when you 
recall a preset, its MIDI maps replace whatever MIDI maps were previously in use. 
You can have two presets which are identical except for their MIDI maps. (All of the 
factory presets have blank MIDI maps.) 

To set up a MIDI map, go to the Parameter menu, which you will notice is 
in two pages. 


ADR 66X 

Parameter Control 



Target :RT6C 


Map# 

Source 

Target Target# 

A 

OFF 

FADER 1 


ADR 63K Paraiteter 

Control 4* (21 ^ 

Source 

Target :RT60 

Low High 

Low High 

24 96 

J.8 Ss 14.05s 


The first fader on the first page is used to select which map you would like 
to work on. Unlike with the samplers, there is no reason to work on the maps in any 
particular order — any combination of the ten can be active or not at any time. 


.4 KG ADR 68 K — • rev 4 0 — Chap lor 7 



Page 138 


Sources 

The second fader is labelled "Source". This determines the identity of the 
MIDI command that will be used in this map. If this control is setto "OFF', the 
particular map is disabled. As you move the fader up, or press the Soft Button, you 
will see the various types of commands appear in the display under the word 
"Source". 

The MIDI command sources available from this fader are as follows: 

• Continuous Controllers 1-31 and 64-128. In the MIDI Specification, many of 
these are assigned particular functions, such as Mod Wheel, Breath Control, Detune, 
Volume, General Purpose Controller (GPC) 1, All Notes Off, Omni Mode On, etc. 
When you move the fader to the position of such an assigned controller, the display 
shows the name of the controller. Unassigned controllers are simply referred Lo by 
”-eir numbers. (Controllers 32-63 are generally paired with controllers 1-31 as "Least 
significant Bytes" of a double-predsion message, and so they are not used here.) 

• Pitch Wheel. Only the Most Significant Byte of a Pitch Wheel message is read. 

• Channel Pressure (or Aftertouch). 

- Poly Pressure tor Polyphonic Aftertouch; Event ana Note#. Poly Pressure is, at 
the current time, a fairly esoteric and not widely-used command. It contains separate 
bytes for lire event itself and for the number of the key being pressed. The ADR 6SK 
can treat those two bytes as separate commands. 

• MIDI Clocks, which reflect the speed of a sequence, and can be useful when 
matching delay times to musical tempos. The units used in the display are quarter- 
notes per minute, in w'hich a quarter-note is defined as 24 MIDI Clocks, as per the 
MIDI specification. The range is 20-274 beats per minute, in 2-beat increments. If you 
have a sequence that uses eighth-notes as beats, then the tempo will be the number 
.isplayed times Z The BPM calculator on the "SYS" page can be very useful in 
working with MIDI Clocks and delay times. 

• Note-on Number and Velocity. A Note-on Number command indicates the 
number of a key being pressed. The velocity value indicates how quickly the key is 
being pressed. The ADR 68K treats these as separate events. 

• Note-off Number and Velocity. Likewise. 


/I KG ADR 6SK — rev 41) — Chapter 7 



/ 'age 139 


In addition, several non- MIDI 
commands can be accessed as Sources in 
a MIDI map, and assigned to operating 
parameters and controls. These are: 

• Input Level, which senses the 
averaged level of audio signals coming 
into the Left and Right inputs. 

• The four Input Jacks on the back of 
the remote controller. They are capable 
of reading control voltages, as described 
in Chapter 1 of this manual, and 
generating a value of 1 to 128. 

(Remember not to input signals into 
these jacks greater than +5 volts or less 
than 0 v [negative voltages! or you may 
do serious damage to the ADR 68K.) 

To simplify setting up a 
parameter map, there are two “meta- 
commands" that have been included in 
the software, which wc’il get to in a 
moment. 


The MIDI Commands on the Source 
fader, from top to bottom. 

The commands marked with “**•" are 
non-MIDI commands. 

“Note Trigger" and “Note Trigger/ 
Release" are combinations of MIDI 
commands called “Meta-Commands". 


Mono Mode On 


\ 


\ 


Omni Mode On 
Omni Mooe Oil 
Ail Noies Off 
Local Control 
Conjrollersl02 - 121 

Registered Parameter MS8 

Registered Parameter LSB 
Non-Registered Parm. MSB 
Non- Registered Parm LSB 
Data Switch - 
Data Switcn ♦ 

Phaser 

Detune 

Chorus 

Tremolo 

Controllers 83 - 91 

General Purpose Controllers (GPCs)5 - 8 
Controllers 70-79 
Hold 2 
Controller 68 
Soft Pedal 
Sostenuto 
Portamento 
Sustain Pedal 
MIDI Clock 
Note Tngger/Reiease 
Note Trigger 
'“Input Jacks 1 - 4 
—input Level 
Pitcn Wheel 
Channel Pressure 
Poly Pressure Value 
Poiy Pressure Note 
Noie-Otf Velocity 
Note-Off Number 
Note-On Velocity 
Note-On Number 
Compilers 20 - 31 
GPCs 1 - 4 
Controllers 12-15 
Expression 
Pan 

Controller 9 
Balance 
Volume 

Data Slider /' 

Portamento Time 
Foot 

Controller 3 
Breath 

Modulation Wheel / 

OFF 


\ 


Source 
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Targets 

The third fader on the second Parameter page is labelled "Target"', and the 
four tli is labelled 'Target These determine where in the ADR 68K the data 
generated by the Source will go The 'Target" fader determines the type of target, 
while the 'Target fader determines the specific target. Possible targets are: 

• Faders. The number of the fader refers to its position within the preset. That is, 
the first fader on the first page of the preset is Fader #1, but the first fader on the 
second page is Fader #7 (regardless of whether all six faders on the first page are 
functional). The number of faders available will depend on the preset you are 
working in: if the preset has eight pages of menus, there will be 48 faders to choose 
from, but if it has only four pages, there will be 24 faders to choose from. 

As you select a fader with the Target # control, the function of that fader 
within the preset appears on the second line of the display. If that fader has no 
function, that part of the display will remain blank. (You can assign a MIDI 
parameter to a non-functioning fader, if you like, but there is no reason to do so.) 

• Soft Buttons (or Keys). Their number and identity likewise depend on the 
current preset. The identity of each button is shown as you scroll the Target ft fader. 

• Shift-Soft Buttons. Ditto. These are considered as separate items from the Soft 
Keys, The Shift Button itself does not have its own target assignment, so if you want 
to use a Shift-Soft Key command as a Target, this is how you .set it up. 

• Mute and Clear buttons. Since there is only one of each of these outtons, the 
Target# fader is disabled when you select either of them. 

Meta-Commands 

There are two "meta-commands" in the Source list which have specific 

uses, and are designed to simplify the mapping operation. They arc 

• Note Trigger, in which a Note-On Number command is automatically sent to 
two different targets: one a fader, and the other the Soft Burton immediately above 
the fader. You can only assign a Note Trigger event to a fader — the setting of the 
first 'Target" fader is ignored. 

Although this command, like all other source commands, is mappable to 
any fader in a preset, it will most likely only be used to play multiple samples from a 
keyboard or other controller; therefore you would normally asssign it to a "Select" 
fader in either a sampler or a reverb or effects program. When assigned this way, the 
note number controls the position of the fader, and therefore the sample number, 
and also pushes the Soft Burton, thereby triggering the sample. 
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• Note Trigger/Release, in which a Note-On Number command is assigned as in the 
Note Trigger meta-command, and a Note-Off Number command is assigned to the same 
fader /button combination. When the note-off command is received, however, instead of 
pushing the Soft Button, it pushes Shift and the Soft Button, thereby catting off the 
sample. (If there is a Decay envelope associated with the sample, it will start as soon as the 
note-off command is received.) The note-off number command also moves the fader to 
the proper position, in case an intervening command, like another note-on, moved it 
somewhere else during the time since the original note-on occurred. 

In other words, when you assign a Note Trigger command to a Select fader, 
pressing the proper note will trigger a sample, and make it play all the way through. When 
you assign a Note Trigger /Release command to a Select fader, pressing the key will start 
the sample, and releasing it will stop it 

In both of these cases, the note-on and note-orf velocities are handled as separate 
commands/ and if you want them to affect the sample playback, they must be mapped 
separately to an output level. 

When the ADR 68K receives note-on and note-off commands, whether they are 
mapped separately or as part of a meta-command, it always knows to process them in the 
right order — i.e , the fader selecting the sample number is activated tirst, and then the 
button is pressed to trigger the sample. You will never have a situation where an attempt 
is made to play a sample before it is selected. 

Setting ranges 

The next step in designing a MIDI parameter map is to determine the operating 
ranges of both the sources and the targets. Being able to set a source range allows the MIDI 
control of the ADR 6SK to be tailored to particular performing and recording situations. 

For example, assume you want the pre-delay of a reverb program to increase dramatically 
when you play a MIDI keyboard loudly. However, let's say you only want the effect to 
occur with notes above a velocity of 60 (more or less equivalent to a dynamic level of 
mezzo-forte), while all notes softer than that have no effect on the pre-delay. To 
accomplish this, you set the source range so that only velocity events between 61 and 128 
will affect the pre-delay. 

Another example would be if you want the pilch wheel to have one effect when 
It's pushed up, and a different effect when it’s pushed down. In that case, one parameter 
map would have a source range of 0 to 4096, while the other would have a range of 0 to 
-4096. 


Any incoming MIDI data outside of the source range is ignored. If, for example, 
you have notes from two octaves of a keyboard, say Co to C7, mapped to trigger 12 different 
samples, any notes below' C5 or above C7 will have no effect. This allows you to set aside a 
particular range of a MIDI keyboard for ADR 68K control, and you can still use the rest of 
the keyboard for other functions, like accessing notes on a drum machine. 
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The target range can be adjusted similarly. To continue with the iirst 
example, let’s say that you want the minimum pre-delay, at the lowest velocity 
levels, to be 35 ms, and the maximum, at the the highest velocities, to be 450 ms. Set 
the target range so that the minimum source value sets a pre-delay of 35 ms and the 
maximum source value sets a pre-delay of 450 ms 

One thing to watch out for when using something like velocities in this 
way is that if you send the ADR 68K a note with a velocity of less than 61, the pre- 
delay will not automatically go to the minimum value, but instead will stay at the 
Inst value it was given. If you play a note with a velocity of 128 followed by one with 
a velocity of 40, the pre-delay will remain at 450 ms, until you send another note 
whose velocity is inside the source range. Similarly, if you have the upper, positive, 
half of the range of the pitch wheel assigned to a parameter, and you move it quickly 
down past the zero point, the parameter may not "zero out", because the pitch wheel 
may not actually send a zero value, but may skip over it as it travels. 

Source and target ranges are set up on Page 2 of the MIDI Parameter menu. 
The first fader in each pair sets the lower limit of the range, and the second fader sets 
the higher limit, both sets of faders are context-sensitive — that is, they reflect the 
real or "native" values of the source or target being used in the map you are working 
on. While with most sources the range will be 1 to 128, if you have chosen the 
source to be "Note-on number", for example, then the range available on the source 
faders will be "C 0" through "G 10". Similarly, if the source is "Input Level" the 
range available will be "-70dB" to "UM". 


/OR 68K Parameter 

Control 4*121 ♦ 

Source 

Targot :RT6C 

Low High 

Low High 

24 96 

3.05s 14.05s 


In the same way, the target faders reflect the native values of the ADR 68K 
parameter they are working with. For example, if you are in a preset that uses the 
Complex Plate algorithm, and you have set the target to "Fader 2", which is the LF 
Decay of the Running Reverb in that algorithm, the available range will be "X0.I" to 
"X2.0". Note also that the name of the target fader appears on the second line of the 
display of this page, just as it does on the first page of the Parameter menu, to help 
you keep track of where you are. If you are targetting a fader that has no function 
within the preset you're in, the range values will be blank. 
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Note that you can set a source or target range so that it is "upside down", 
i.e,, so that increasing Source values results in decreasing parameter values. For 
example, this setup will cause RT60 values to shorten as you play notes higher up 
the scale: 


ADR 66K Parameter Control 
Targe* : RT6Q 

Map* Source Target Target# 

3 Hote-On Nuraber FADER 1 


ADR GBK Parameter Control 4* 12)^ 

Source Target :RT60 

Low Hign Lew High 

C 2 B 5 5.50s 1.32a 



Note that when the value of one fader is dependent on the value of 
another — e.g., the "Delay" and "Range" faders within the Dual Delay programs, or 
the "Size" and "RT60" faders in a reverb program — MIDI control of the "slave" 
fader will also be dependent on the setting of the "master" fader. Therefore, 
changing the value of the Range fader will affect the way that MIDI controls the 
Delay fader, and the Target high and low settings of the Delay fader will change 
accordingly. 

It Is completely permissible to map the same source to two different targets, 
or to map two sources to the same target. In the case of the former, the two target 
parameters will simply move in parallel (or, if one is mapped "upside down", in 
contrary motion). In case of the latter, the parameter value will always reflect the last 
value sent to it, regardless of which source sent it 

Remember that Note-On and Note-Off arc treated as completely separate 
entities (except in the Note Trigger/ Release meta-command), so if you want the 
action of one to negate the other (which will occur often), you must set up the 
proper map for each of them. 

All sources, targets, and ranges will remain active within a preset until you 
leave the preset. If you want to save the values, you have to save the preset, or else 
they will be lost when you leave the preset. 

You can easily get back and forth between the control pages of a preset and 
its MIDI parameter page without disturbing either. To get from the preset to the 
MIDI page, press "MIDI" and then 'Tarameter". To go the other way, press "T" twice. 
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Note: When the first MIDI Parameter page is showing on the display, the 
MIDI parameter mode is disabled. To enable MIDI parameter control, you must 
leave that page, either by going to the Range page, or back to the preset (by pressing 
"T"). This feature is to prevent the ADR 68K from getting into an endless MIDI 
feedback loop, which could have nasty consequences. 

Buttons as Targets 

If you select a Soft Button or Shift-Soft Button as a Target in a map, there 
will be no Target Range parameters on Page Z If any Source command is received 
whose value is within the Source range, the button will be "pressed", and all 
commands outside the range will be ignored. However, if the Source range is set up 
so that the Low value is higher than the High value, than any commands outside 
the range will press the button, and any notes inside the range will be ignored. 



MIDI Mod Wheel 


Source 
Lew High 


30 90 



Source 
Low High 
90 30 



Things are slightly different if the Mute or Clear button is a Target. In this 
case, any command within the Source range pushes and holds the button, while any 
command outside the Source range releases il Again, if the source range is upside- 
down, these functions die reversed. 
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Live ContTOi under MIDI 


The physical faders and buttons remain "live'' while the ADR 6SK is under MIDI 
control, just as they do in the Auto- MIDI mode. Since the external control is over specific 
parameters, and is not related to the current state of the ADR 68K’s display, you can 
operate the controls with much more freedom than you can under Auto-MIDI mode. 


What About Program Changes? 

Notice that there is no Source setting tor recognizing MIDI program 
changes, and no Target setting for changing ADR 68K registers. If you want to change 
a register through MIDI, you must do it with a program change. Mow MIDI program 
changes correspond to registers is determined with the "Map" function on the main 
MIDI page, described earlier. 

It might be a good idea, whenever you are working on a parameter map, 
to disable the Program Change map, so that you don’t inadvertently change presets 
and lose your work. For example, if you are using a synthesizer as a master keyboard 
and you want to hear what the effect you were working on sounds like with a 
different synth patch, changing the synth patch will also send out a MIDI program 
change, which might call a new preset. You can avoid this by turning off the 
"PgChng" switch on the MIDI Setup page. This will not disturb any Program Change 
maps you have created, it will merely turn them all off temporarily. 

If you do inadvertently send the ADR 68K a MIDI program change, 
remember that all is not lost — you can easily get back to the preset you were 
working in by pressing the "Last" button. Although you will not land back on the 
MIDI Parameter page, you can get to it quickly enough, and there you will find your 
parameter map intact. 
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Using the Parameter mode — examples 

Since the ADR 68K software allows ten distinct parameter maps for each 
preset, there is a tremendous amount of flexibility and creative potential for MIDI 
control of the device. 


Here are some examples of interesting possible uses of MIDI parameter 
control. Don't forget when trying these examples that you must leave the first MIDI 
Parameter page of the display for the incoming MIDI data to have any effect. 


Example 1 : Triggering Multiple Samples from a keyboard, and 
rclxiggering with Sustain Pedal. 

This is a typical mapping for use when you want to have the ADR 68K 
emulate a drum machine, with different samples playable from different keys. There 
are more notes (24) than there are samplers, so the ADR 6SK will "interpolate" the 
extra notes, with the result that each sampler can be triggered by either of two 
adjacent notes. The second map provides velocity control over the main output 
level of each sample. The third map allows a press on the sustain pedal to re- trigger 
the last sample played, for a stuttering effect. 


Original Preset: M- 1 2 [ ?6 . 3 ) 
Algorithm: Mono-12-Sampier 
Map 1: 

Source: Note Trigger 
Source Low: C 5 
Source High; D 6 
Map 2: 

Source: Note-On Velocity 
Source Low: 4 a 
Source High: 1 1 0 
Map 3: 

Source: Sustain Pedal 
Source Low: 65 
Source High: 12 8 


Target: Fader 1 (Select) 
Target Low: 1 
Target High: 12 

Target: Fader 14 (Level) 
Target Low: -46d3 
Target High: 0d3 

Target: Soft Key 6 (Play) 

Target Low: — 

Target High; — 


If you wanted to control the duration of each sample as it played, instead of 
using "Note Trigger" in Map 1, you would use "Note Trigger/Release". Note that 
within the Mono-1 2-Sampler algorithm, you can have all 12 samples playing at 
once, while in the Mono* algorithm, or in any reverb or effects program in which 
samples are being used, only two samples can sound at a time — one odd-numbered 
sample, and one even-numbered one. 
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Example 2: Sample Playback with Keyboard-Controlled Pitch Change, 
and Aftertouch-Controlled Vibrato, and Note-Controlled Stereo 
Position. 

This example uses MIDI control over sampling, if you’ll excuse the 
expression, lo the max. Pressing a note between C5 (Middle C) and B6 starts the 
sample playing (Map 1). The number of the note will change the playback pitch of 
the sample, up to one octave above or below its original pitch (Map 2). The playback 
level of the sample will be determined by the key velocity- (Map 3). If the key is let go 
before the sample finishes playing, the sample will stop (Map 4). Any aftertouch 
generated by the keyboard will raise the playback pitch slightly, which can give the 
sample a bit of vibrato (Map 5). Finally, the stereo position of the signal is dependent 
on the pitch (Map 6), with the lowest note being sent to the Left channel and the 
highest to the Right. 


Original Preset: M l F 6 . 1 1 

Algorithm: Mono 32sec Sampler 

Set the Following Control on Page 3: Method : * /2 si 


Map 1: 

Source: Note -On Number 
Source Low: C 5 
Source High: B 6 
Map 2: 

Source: Note-On Number 
Source Low: C 5 
Source High: B 6 
Map 3: 

Source: Note-On Velocity 
Source Low; 40 
Source High: : 1 7 
Map 4: 

Source: Note-Off Number 
Source Low: C 5 
Source High: B 6 
Map 5: 

Source: Channel Pressure 
Source Low: 1 
Source High: i28 
Map 6: 

Source: Note-On Number 
Source Low: C 5 
Source High: B 6 


Target Soft Key 6 (Play) 

Target Low: — 

Target High: — 

Target Fader 14 (Amount) 
Target Low: - 1 Oct 
Target High: *1 Oct 

Target Fader 19 (Level) 
Target Low: -4 6 dB 
Target High: 0 dB 

Target Soft Key 5 (Stop) 
Target Low. — 

Target High: — 

Target Fader 15 (Firrel 
Target Low: 0 
Target High: *40 

Target: Fader 20 (Balance; 
Target low -+50 
Target High: 5Q«- 


As previously noted, the behavior of the 'Tuning' fader is not linear when 
"Method” is set to but instead the control has an enlarged area around zero, to 
allow it lo be centered easily. Therefore, MIDI note values should not be mapped to 
that fader in that mode, as the pilch-change intervals will not be even over the 
entire mapped scale. Mapping pitch wheel to the fader in that mode, however, 
works just fine. 
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Example 3: Using Keyboard Aftertouch to control Chorusing, 

In this simple example, aftertouch (channel pressure! controls the Rate 
parameter of a chorus program, thereby bringing the chorused voices in as the key is 
pressed harder. 

Original Preset; Chor 2 [F10.2J 
Algorithm: Poly-Chorus 
Map It 

Source: Channel Pressure Target Faaer 3 (Race) 

Source Low: 1 Target Low: 0.05 Hz 

Source High: 128 Target High: 6.20 Hz 

Note that setting the Target Low limit to "OFF' would disable the 
chorussing completely, but it would also cause an audible dick to be generated every 
time the channel pressure moved above zero. Therefore, leaving the chorussing on, 
but at a very slow rate, is the preferred solution. 

Example 4: Moving Resonant Filters with Pitch Wheel and "vibrating" 
them with Mod Wheel. 

Here a pair of resonant filters are generated, and then moved contrary to 
cadi other with the pitch wheel. At the same time, they can be set vibrating, out of 
sync and at different speeds, with the application of modulation wheel. 

Original Preset: Gut- in (FI 1 . 1 3 

Algorithm; Dual Delays 

Set the Following Controls on Page 1: 

Range: Samples, Gain: 96%, Rate: 5. 80 Hz 
Set the Following Controls on Page 2: 

Range: Samples, Gam: 96%, Rate: 2. 4 0 Hz 


Map 1: 

Source: Pitch Wheel 

Target: Fader 2 (Delay, DDL A) 

Source Low: - 4 032 

Target Low: 144 9us 

Source High: 4096 

Target High: 353us 

Map 2: 

Source: Pitch Wheel 

Target: Fader 3 (Delay, DDL B) 

Source Low: -4 032 

Target Low: 92 8 us 

Source High: 4 056 

Target High: 17 5Cus 

Map 3: 

Source: Mod Wheel 

Target: Fader 5 (Depth, DDL A) 

Source Low: 1 

Target Low. 0% 

Source High: 129 

Target High: 60% 

Map 4: 

Source: Mod 'Wheel 

Target: Fader 11 (Depth, DDL B 

Source Low: l 

Target Low: 0% 

Source High: 128 

Target High: 60% 
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Example 5: Controlling pre-delay and early reflection times with tempo. 

In this example, the pre-delay and early reflections are controlled by MIDI 
clocks generated by a sequencer The pre-delay occurs one-quarter of a beat (a 16 th- 
note) after the original signal, and the early reflections are spaced in quarter-beats 
after that. 


Original Preset: Voice 1? 2 . 1 ) 
Algorithm: Optimal Chamber- 

Map 1: 

Source: Midi Clock 
Source Low: 120 
Source High: 24 0 
Map 2: 

Source: Midi Clock 

Source Low: 120 
Source High: 24 0 
Map 3: 

Source: Midi Clock 
Source Low: 120 
Source High: 24 0 
Map 4: 

Source: Midi Clock 
Source Low: 120 
Source High: 240 
Map 5: 

Source: Midi Clock 
Source Low. 12 C 
Source High: 240 


Target: Fader 6 (P'Dly) 

Target Low: 125ms 
Target High: 65rr.s 

Target Fader 22 (Left Refl 2 s 
Target Low: 250ms 
Target High: 125ms 

Target Fader 24 (Left P.efl 3) 
Target Low: 31 Oms 
Target High: 185ms 

Target Fader 20 (Right Refl 2) 
Target Low: 250rr.s 
Target High: 125ms 

Target Fader 22 (Right Refl 3) 
Target Low: 500ms 
Target High: 25Gms 
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Example 6: Adjusting Stereo Processing Position and Width with Note 
Number and Velocity. 


In this map, the Stereo Processor algorithm is used to convert a mono 
input signal to stereo, using the Haas-effect "Pan" mode. The stereo position is 
determined by the note number, with lower notes appearing at the left side of the 
image. The width of the stereo image is determined by the note velocity, so playing a 
note harder will make it appear to come from a "larger" sound source. Both 
processors are active, so faders for both of them are mapped. 


Original Preset; Pan [F5.5i 
Algorithm: Stereo Processor 
Map 1: 

Source: Note-On Number 
Source Low: C 3 
Source Iiigh: C 7 
Map 2: 

' -Hirce: Mote-On Number 
Source Low C 3 
Source High: C 7 
Map 3: 

Source: Note-On Velocity 
Source Low: 20 
Source High: 110 
Map 4: 

Source: Mote -On Velocity 
Source Low: 20 
Source High: 1 1 0 


Target: Fader 2 (Pan, Proc. A) 
Target Low: 50*- 
Target High: -#90 

Target: Fader 3 (Pan, Froc. B) 
Target Low: 9Q<- 
Target High:-# 9 C 

Target: Fader 3 (Width, Proc. A) 
Target Low: C% 

Target High: 4 5% 

Target:?ader 9 (Width, Proc. 5) 

Target Low: 0% 

Target High: 49% 


/\KG-4DR 68K — rtro4.0 — Chapler 7 



Page 151 

Example 7: Playing Back a Sample with Reverb Mix dependent on 
velocity. 

This map gives the effect of a sampled sound moving closer as it gets 
louder. As note velocity increases, the reverb level goes down and the dry-sample 
level goes up, while as the velocity goes down, the reverse effect occurs. 


Original Preset: Voice [F2.il 
Algorithm: Optimal Chamoer 

Map 1: 

Source: Note-On Velocity 
Source Low: 20 
Source High: 110 
Map 2: 

Source: Note -On Velocity 
Source Low: 2C 
Source High: 1 1 0 


Target Fader 35 (Input Level) 

Target Low: -9dB 
Target High: -34d3 

Target Fadnr >\\ (Main output Level i 
Target Low: -37C3 
Target High: 0d3 


Some words to the wise regarding MIDI parameter control; Some 
parameters work better under real-time control than others. In the chorus example 
above, we saw that turning on and off the chorussing in real time can cause dicks. 
Moving the Begin and End faders in a sampling program with MIDI controllers does 
not have the effect of starting the sample at different times — instead, it produces 
the effect of editing tire sample while you play it. While there might be some 
potential in this effect, it is probably rather limited. Be careful not to create maps so 
complex that you lose track of what's doing what, or that the various parts start to 
get in ead\ others' way. 

When using multiple samples , remember the restrictions on 
sample playback in the programs or within reverb and effects 
programs : Only two mono samples can be sounding at a time, and then only if uric 
is odd-numbered and the other even-numbered. Only one stereo sample can be 
sounding at a time. New sample triggers will cut off already-sounding samples. 

These examples just scratch the surface. The Creative engineer will be able 
to think of many more innovative ways to use MIDI with the ADR 6SK. We at AKG 
Digital welcome your examples, your suggestions, and your ideas for any changes or 
improvements you would like to see. 
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In these three appendices you will find various useful items. 

Appendix A is an extended glossary containing definitions of many of the 
terms used in this manual and on the ADR 6SK's display. 

Appendix B contains a standard MIDI implementation chart for the rev 4.0 
software, and a list of the MIDI commands that are generated when the ADR 6SK is 
in the "Auto-MIDI" mode. 

Appendix C contains charts and diagrams of the various algorithms resident in 
this version of the software. Each algorithm is covered in two pages. The first page 
gives general information about the algorithm, and the location of the various 
parameters that are used in that algorithm, as well as their maximum and 
minimum values Also on the first page is a list of all factory presets which use dial 
algorithm. The* second page of the pair is a block diagram of the algorithm, showing 
.ae paths from all inputs, through the controllers and processors, to the various 
outputs. 
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Algorithm 


Amount 


Attack 


Auto-MIDI 


Aurt mix 


Aux outputs 


is a way of defining the ADR68K's behavior. It includes the type of 
processing that is done on an audio signal, as well as definitions of 
controls, parameters, displays, how memory is organized, and 
various other aspects. It is a structure for building presets; a 
specific set of control settings within an algorithm constitutes a 
preset (see also). 

determines the change in pitch of a sample as it is being played 
back. A sample can be pitch-shifted up to one octave up or down. 
The units of operation of this fader are set with the Method fader, 
and can be percentages, half-steps, or musical intervals, e.g., minor 
2nd, augmented 4th, etc. The only sampling programs that have 
this control are the ones that work with just one sample at a time, 
e.g., M and St. See also Tuning 

is a parameter on the Envelope page (see also) of the Sampler 
programs that allows vou to impose a rising volume characteristic 
when playing back a pre-recorded sample, much as a synthesizer 
has an attack setting. The range is 0 to 970 msec. Sec* also Decay. 

is a special "automation" mode of the ADR 68K in which each 
fader movement or button press of the remote controller is sent 
out as MIDI continuous controller data, in which form it can be 
recorded and played back by an external sequencer, which con then 
in turn control the ADR 68K. It is designed to be invisible to the 
user and should only be used in a Unear fashion — i.e., with little 
or no editing or overdubbing. It is enabled from the Setup Page of 
the MIDI menu; Xmit starts the data transmitting, and Rccv 
allows the unit to be controlled by incoming MIDI data. 

is a software switch in the SpUt programs that allows the auxilliar) 
output mix to be routed to the main outputs. Normally, the 
output from one half of the spUt is available only at the mam 
outputs, and the output from the other half is available only at the 
aux outputs, but this switch makes both halves available at the 

main outputs. 

are the second set of stereo outputs on the mainframe. They can be 
configured to put out the same signal as the main outputs, or 
something completely different In most algorithms, the aux 
outputs have their own mixer page. 
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Balance (Ball 

Bank 

Begin 

Bypass 

Cold Reset 

Config 

Current Register 


is a control for handling mono samples that appears on most 
mixer pages, both inputs and outputs. It is calibrated in 
percentages, from "100<-" (full Left), through "- A -" (center), to 
*'-»100" (full Right). Do not confuse this with the Pan control that 
appears in the Stereo Processing programs. 

A group of registers in the Internal, Cartridge, or Factory 
memories, in which are stored presets. In general, presets within a 
single bank should all share the S 2 me algorithm, although this 
rule can be violated for special purposes. (See Preferred Presets ) 

in a Sampler program, refers to the beginning point of an edited 
sample. When the Begin fader is moved, 20 msec-long ''slices" ot 
the sample are played, starting at the time indicated in the display 
above the fader. Moving the fader above or below the center point 
of its travel causes the start time of the slice to move forwards or 
backwards, respectively. The further away from the center point 
the fader is moved, the faster will be the playback speed of the 
sample slices. Better resolution can be had by using the 
"trim" fader next to the Begin fader, or the Soft Button above it, 
which give 1 msec resolution and play 1 msec slices. 

in the Multi-Effects algorithm, takes various modules out of the 
circuit, and allows signal to pass through them unaffected. 
Contrast this with Mute, which shuts off the output of a module 

is a way to "restart" the ADR 68K if you run into trouble. It will 
erase any internal registers, MIDI maps, and samples, so it is not 
recommended it be performed indiscriminately. It is performed by 
turning off the power, waiting 10 seconds, and then holding the 
"Help" button while turning on the power, and pressing the 
"COLD" button when the display appears. 

in the DDL algorithm and some of the Split algorithms, 
determines how the two processor sections are to be aligned: in 
Parallel as two separate delays treating the same signal. Chained 
with one delay feeding the other, or Split with each delay 
processing its own signal. 

is an area of memory in which are located the control settings that 
appear on the display at any tune. When you save a preset into a 
numbered register, it’s the contents of the Current register that get 
saved. When you call up a preset, the contents of the register you 
specify are loaded into the Current register. When you press the 
Last button, the contents of the Last register (see also) and the 
Current register are exchanged. 
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Decay 


Delay 

Delta 

Density 


Depth 


is a parameter on the Envelope page (see also) of the Sampler 
programs that allows you to impose a falling volume characteristic 
at the end of a pre-recorded sample, much as a synthesizer has a 
decay setting. The range is 0 to 970 msec. See also Attack. 

in the DDL and Multi-Effects algorithms, the length of the delay oi 
the first echo. 

The distance between taps, or voices, in a Chorus preset. Short 
Delta values gi\ r e resonant-filter effects, while longer ones can be 
heard as discrete echoes. 

refers to the concentration of echoes at the end of the reverb (the 
"tail") in some reverb algorithms. At a setting of 0, one is liable to 
hear more discrete echoes, and the sound can get "lumpy 7 '. At 1 00. 
the sound is smoothest. Lower density settings are good for 
making vocals more intelligible and solo instrument lines more 
distinct. Higher settings are best for drums. See also Diffusion. 


Diffusion 



has various meanings, depending on the context. 

In reverb algorithms, it controls the apparent distance of 
the listener from the source, by mixing the direct and reflected 
sound. At a setting of 0, the direct sound is highest, putting the 
listener right at the front of the stage. At 100, the reverb is at its 
highest, putting the listener at the back of the hall. 

The control does much more than just balance wet and drv 
sound; it ramps the various taps back and forth in a complex 
manner that maintains the naturalness of the sound. 

In some modes of the Stereo Processing algorithm, it gives 
the synthesized stereo space a sense of distance. At 0, the image is 
two-dimensional, with left and right imaging only. At higher 
values, it gives the illusion of a third dimension. 

In the Toly-Chorus algorithm it refers to the time span 
xvithin which the taps will be modulated. 
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Diffusion 


End 


Envelope 


Envlp 


Equalizer 


E-Rs 

Fader 


Gain 


refers to the concentration of echoes at the beginning of the reverb 
in many of the reverb algorithms. Although it is usually best left 
at a high value, low values can make smaller rooms more 
interesting, with discrete echoes at the beginning of the reverb 
becoming more audible. (See also Density.) Diffusion is also used 
in the Poly-Chorus algorithm to spread out the sound before it gets 
to the chorus processing. 

in a Sampler program, refers to the end point of an edited sample. 
When the End fader is moved, 20 msec-long "slices" of the sample 
are played, starting at the time indicated in the display above the 
fader. Moving the fader above or below* the center point of its 
travel causes the start time of the slice to move forwards or 
backwards, respectively- The further away from the center point 
the fader is moved, the faster w*ill be the playback speed of the 
sample slices. Better resolution can be had by using the 
"trim" fader next to the End fader or the Soft Button above it, 
which give 1 msec resolution and play 1 msec slices. 

is the page or portion of a page within the sampler programs that 
allows you to impose an envelope on a recorded sample. The 
parameters it comprises are Attack and Decay. 

in the Stereo Multi-Tap and Reverb Multi-Tap modules of the 
Multi-Effects algorithm, refers to ilie volume envelope of the 
echoes; whether they will be increasing, decreasing, or steady 
(even). The rale of change for increasing or decreasing is 
approximately 6 dB per echo. 

in Multi-Effects and Stereo Processing presets, is a two-band 
shelving equalizer, with 10 dB of boost or cut at approximately 250 
Hz and 6 kHz. 

see Reflections 

refers to one of the six slide controls on the remote unit. The 
action of the faders is controlled entirely by the system software, so 
what the)* do at any one time will be completely dependent on the 
context. 

in DDL and Multi-Effects programs, the level at which the delays 
feed back to themselves. At 100%, the delays repeat indefinitely 
without changing level At 0%, they don't repeat at all At 
negative settings, the repeats are reversed in phase. 
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Gate 

HF BVV 

Image 

Inil 

'upul 

Last register 

Length 

LF and HF 
LF and HF Dcy 


comprises two parameters. Trig and StpDlv, which together 
determine at what signal level, and how fast, the reverb 
characteristics of a preset will change between Running Reverb 
and Stopped Reverb. 

adjusts a low-pass filter which can be electronically located in any 
of several places, depending on the algorithm. The range of this 
filler is 2 -15 kHz. 

is a parameter in the Stereo Processing algorithm that only appears 
m the "Pan" mode. Image sets the apparent position of the signal, 
from 90«- (90° to the lelt of center), through 0 (center), to -»90 (90° 
right of center). 

erases all of the presets in the Cartridge. It is accessible from the 
Cart menu. 

on a mixer page, determines how much, ii any, the input signal 
will be attenuated before it reaches the processor 

is an "invisible" register wherein reside the contents of whatever 
preset was in use previous to the preset in use now. It is useful 
when editing presets for comparison purposes, in that it allows 
instant switching between a new version of a preset and its 
previous version. It is also useful for editing samples within the 
context of a reverb or effects program, as it allows instant 
switching between the reverb program and the sampling 
program. See also Current register. 

in the Stereo Multi-Tap and Reverb Multi-Tap modules of the 
Multi-Effects algorithm, refers to the overall length of the series of 
echoes produced. 

are the labels for the two-band equalizer in the Stereo Processing 
algorithm. See Equalizer. 

are factors by which the relative RT60 can be changed for two 
specific frequency bands. The HF band is the spectrum above 
approximately 2 kHz, while the LF band is the spectrum below 
approximately 500 Hz. 

An HF Dcy of "x0.6" in a program whose RT60 is 3.0s 
means that the high frequencies will decay in 1.8 seconds. In all 
programs, the Dcy factors range at least from xO.l to x 1.0; in some 
programs the LF Dcy can be increased to x2.0. 

In Gated reverb programs, the Running reverb and 
Stopped reverb each have their own LF and HF Dcy adjustments, 
so that completely different room characteristics can be set up for 
the two sections. 


A KG ADR bSK — rcj 4.0 — Appendix A 



Puge 159 


Map 


Memory 


Method 



HP Dcy is also used in the DDL and Multi-Effects 
algorithms, where it controls the ratio of high frequencies in the 
delays. 

refers to two different MIDI functions. 

From the main MIDI page, pressing "Map" allows you to 
specify which presets within the ADR 6SK will be called up when 
the unit receives particular MIDI program change numbers. More 
than one program change number can be assigned to the same 
preset, but not vice versa. A MIDI program change number can 
also be mapped to a "non-existent" register, in which case it is 
ignored. Program change maps remain in non-volatile memory. 

In the MIDI Parameter menu, the meaning is quite 
different Within a preset, up to 10 parameter maps can be created, 
each one with a MIDI Source, which is a type or class of MIDI 
command; a Target, which is a control parameter within the 
ADR 68K; and Ranges for the Target and Source. The "Map#" 
fader allows you to choose which map to work on. Parameter 
maps are stored as part of a preset , and if you configure a set of 
maps and then leave the preset without storing it, the maps will 
be lost. 

refers to the type of storage location of a register, in which resides 
a preset. The ADR 68K has a Factory memory, which contains 11 
banks of registers, the presets in which are unmovable and 
uneditable. It also has Internal and Cartridge memories of 11 banks 
each, where presets can be edited and stored. The number of 
presets in the Factory memory is determined at the factory. The 
number ol presets in the other memories is determined by the 
user, but each memory can hold a maximum of 50 presets. 

determines how the pitch change of a recorded sample will be 
calculated. The choices are percentages, musical half-steps, or 
musical intervals, e g., minor 2nd, augmented 4th, etc. The only 
sampling programs that have this control are the ones that work 
with just one sample at a time, e.g., M and St. See Tuning and 
Amount. 
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Mode 


Mule 


Pan 


Play 


has several meanings, depending on the context. 

In the Slerco Chorus module of the Multi-Effects 
algorithm, it specifies whether the various taps will move in 
parallel or opposite (contrary) motion when modulated. 

In the Multi-Tap modules of the Multi-Effects algorithm, it 
determines the pattern of echoes produced, in terms of relative 
volume, timing, and stereo position. 

In the Stereo Processing algorithm, it determines the type 
or processing (multitap, comb filtering, Haas-effect image shift, 
etc) used. 

has two meanings. It refers to the button on the remote control 
that shuts off all input coming into a processor oi a sampler 
recorder. 

It also can refer to a parameter setting, in which case it 
means that the effect in question is inactive. It is used in gated 
reverb programs, in which case it disables the Stopped Reverb 
parameters, and shuts down the output completely when the 
input signal goes below the Trig level. It is also used to disable and 
turn off the outputs of the three "parallel" modules in the Multi- 
Effects program. (See also Bypass.) 

has two meanings. Within the Stereo Processing algorithm, it 
refers to a mode that produces an apparent position shift of a 
monaural signal across a stereo field, but it uses time delay (die 
Haas effect) instead of volume, so that the energy in both channels 
is always the same. 

'in die Poly-Choms algorithm, it refers to the frequenc 7 of a 
triangle wave that modulates the outputs, panning them back and 
forth across the stereo field. (Don't confuse this with balance, 
which refers to stereo placement of the output signals on the 
mixer pages.) 

refers to both a Soft Button and a fader in Sampler programs, 
which determine how samples will be played back If a Play fader is 
set to MAN, then the corresponding sample can be triggered by 
pressing the Play Soft Button. If it is set to RPT. the sample will 
play indefinitely until the fader is reset or the CLR button is 
pressed. If it is set to a level between -52 dB and "LIM'', an 
incoming signal on the appropriate channel (as determined by the 
Source fader — see also) which reaches that level will start the 
sample. 

Whenever a sample is playing, whether in a sampler or 
effects program, pressing Shift-Play will gel it to stop immediately 
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Pre-Delay (P’Dly) 


Preferred Preset 


Preset 


Program 


Punch 


Quick Register 
Select 


is a lime delay given to a signal before it goes into a reverb 
processor. A P’Dly of 0 does not mean that the reverb starts 
immediately: there is always an inherent delay in the build-up of a 
reverb sound. The P'Dly selling does not affect the Early 
Reflections. In the Multi-Effects algorithm, P'Dly is one mode of 
operation of the Reverb Multi-Tap page, in which only a single 
delay is produced. 

is the preset that is located in the first, or ".1" position of each of 
the Internal banks. It can be called very quickly by merely pressing 
the appropriate bank button. 

This feature can be very useful in a mixing session, in 
which case the presets that will be used most often can be loaded 
Into the "preferred" positions. This is one time when \tiolation of 
the "one-bank, one-algorithm” rule is advisable. 

If the .1 register of an Internal bank is empty, pushing the 
bank button will call up the 1 register in the corresponding 
Factory bank. 

is a set of specific control settings (ie., RT60, HF Dcy, Sampl 1 rig. 
etc.) within an algorithm. Put another way, it is a specific way to 
use an algorithm Presets have names, and are stored in registers, 
which have numbers. Presets can be in the Factory memory, in 
which case they are unmovable and uneditable, or in the Internal 
or Cartridge memories, where they can be edited. 

Although some engineers are used to another definition of this 
word, for purposes of this manual, it is to be considered a 
synonym for Preset. 

is a parameter in some of the reverb algorithms that increases tile 
proportion of early echoes within the reverb processor {not the 
separate early reflections — see below), making the reverb effect 
more immediate and dramatic In the Reverse Reverb algorithm, 
Punch controls the level of the last sound heard — which is the 
image of the first sound going in. 

is a function allowing you to get to a specific register or preset 
without going through the menu pages. Type the bank number of 
the register you want, and the Soft Button for the appropriate 
memory, if necessary. Then type the decimal point and the register 
number, and then "ENT'. 
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Rate 

Rev 

Receive 

Record 

Reflections 


has two meanings. In the Stereo Chorus module of the Multi- 
Effects algorithm, it determines how far in time the various t 2 ps 
will move when modulated. This parameter, in conjunction with 
Speed, will determine the cycle time of a vibrato or other effect 
produced in this module. 

In the DDL algorithm, range is a "coarse delay" control, 
which sets the range and the resolution of the "Delay" fader next 
to it. The lowest setting for Range is "Sampls", in which the Delay 
fader operates from 160 \isec to 1760 psec, in steps of 32 ps; the 
highest setting is "Long", in which the Delay fader goes from 0 
msec to 2000 msec in 40 ms steps 

in the Chorus and DDL algorithms refers to the frequency of a 
triangle wave that modulates the various taps. 

on the MIDI Setup Page, enables real-time reception in the Auto- 
MIDI mode. Not to be confused with... 

is a MIDI function that allows the ADR 68K to receive bulk MIDI 
information. This can be a complete set of Internal registers from 
an outside source, such as a computer or another ADR 68K, in 
which case all the presets currently in the Internal memory will be 
erased; or it can be a sample, sent to the unit via the MIDI Sample 
Dump Standard or System Exclusive. The ability to receive MIDI 
data in real time Is not controlled by this parameter. 

in a sampler program, refers to both a fader and a Soft Button. If 
the fader is set to MAN, recording will take place only when the 
Soft Button is pressed. If the fader is set to a signal level, from - 
42dB to "UM", then recording will start automatically as soon as 
an incoming audio signal (on the appropriate channel) reaches 
that level, or whenever you press the Soft Button. 

or Early Reflections (E-Rs) are up to six discrete echoes within 
a reverb algorithm that are completely separate from the reverb 
processors. Early reflections play a large part in determining the 
apparent size, shape, and surface hardness of the generated space, 
as well as enhancing our sense of "stereo” 

In programs with true stereo inputs, there are three 
separate early reflections, each adjustable for delay time and level. 
Two of these signals are then sent to the output of the same 
channel, while the third is sent to the opposite channel In Split 
programs, each input generates two reflections, one going tn the 

Left output and the other going lo the Right ouput. 
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in each preset that uses reflections, there are one or more 
pages for balancing the individual presets, and a separate control 
for balancing the overall level of the reflections with the rest of 
the sound. 



Register 


Reset 


RT60 


Running Reverb 


Safety 


is a memory location, in which a preset is stored. Registers reside 
in banks, which in turn reside in one of three memories. When 
it is being called up from memory, or stored to memory, a register 
is referred to by its number; e.g. "C9.13" means the 13th register in 
bank 9 of the Cartridge memory. 

is a way to "restart 7 ' the ADR 68K if you run into trouble, without 
turning off the power. It will erase any internal registers, MIDI 
maps, and samples, so it is not recommended it be performed 
indiscriminately. It is performed from the SYS menu. 

is the overall reverb time m a reverb algorithm. More spedJlcally, 
it is the time it takes for the reverb level to decay to 60 dB below its 
initial level. In Gated reverb programs, there are two RT60s, one 
for the primary, or "Running" reverb, and one for the secondary, 
or "Stopped" reverb, in the Reverse Reverb algorithm, the RT60 is 
the length of the overall reverb, from start (at low level) to finish 
(at high level). 

refers to the "primary" reverb settings in a reverb preset that uses 
gating. The running reverb parameters are active when the input 
signal level exceeds the "Trig" threshold. When the 'Trig" 
parameter is set to "OFF*, there is no gating action, and the 
running reverb settings are the only ones active. (See also 
Stopped Reverb). 

is a switch used in Sampler programs. When a sampler is empty, 
the switch is off, meaning that recording can take place. Once 
signal is recorded, however, the Safety automatically turns on, and 
before the sampler can be recorded into ag 2 in — thereby wiping 
out its existing contents — it must be turned off. It is also used to 
"activate" an unrecorded sample, thereby making that particular 
sample memory available for use with other parts of the sample 
RAM. 
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Sample Trig 


Select 


Send 


Set 


AKG ADR fSK — 


refers to controls within reverb and effects programs that are used 
to determine how pre-recorded samples will be played back. They 
serve the same function as the Play buttons and sliders within the 
sampler programs themselves. Each sample in an effects program 
can be triggered separately: the first Sample Trig ("Select") fader 
selects which sample you want to adjust, and the second fader does 
the actual adjusting. When you set the second fader to MAN, the 
sample in question can be triggered only by pressing the Soft 
Dutton over the Select fader. You can also set it to RPT, in which 
case it will play indefinitely until the second fader is reset or the 
CLR button is pressed; or to a level between -42 dB and "LIM", in 
which case an incoming signal on the appropriate channel (as 
determined within the sampling program itself, using the 
"Source" fader) that reaches that level will start the sample. 

This fader and Soft Button appear whenever multiple samples 
have to dealt with — when recording, editing, mixing, or playing 
back, either within a sampling program or in a reverb or effects 
program. The fader chooses which of the samples to work on, i.e., 
which one will be affected by the rest of the controls on the page or 
portion of the page. The Soft Button does not increment the Select 
number — instead, it acts as a "Play" button for the sample 
selected by the fader. This gives you the ability to hear a particular 
sample in context without constantly going back and forth 
between pages and programs. Setting the Select fader on any page 
also selects it on all other pages within the current preset. 

is a MIDI function that allows the ADR 6SK to send bulk MIDI 
information. This can be the parameters that determine presets 
(either the current register or all Internal registers) in system- 
exclusive format, or a sample, either in system-exclusive or MIDI 
Sample Dump Standard format. The function does not affect the 
internal memory of the ADR 68K at all. The ability to send MIDI 
data in real time is not controlled by this parameter; that is the 
function of the Xmit switch (see also). 

is a "quick-save" command that lets you save the contents of the 
Current register into the register from which it came — i.e. the 
register whose number is showing in the top line of the display. If 
that register is in a Factory bank, this function will not work. 
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Size 


I 

Level 


S-Mtap 


Soft Button 


Source 


is a complex parameter usee in reverb algorithms, and expressed 
in percent It simultaneously changes the RT60 and the density of 
the reflections within the reverb (not the early reflections). 

For a particular setting of RT60, a Size setting 
of 100% represents a typical room with that decay time. Increasing 
the Size increases the RT60, but it also reduces the density of the 
reflections. In this case, it is more likely that individual echoes 
will be heard within the reverb, but at the same dme the frequency 
coloration of the reverb will be minimized. Decreasing the Size 
lowers the RT60, increases the density, reduces the chance of 
echoes being audible, and increases the coloration. 

Depending on the algorithm, the Size control can be set 
anywhere from 15% to 200%. 


RT60 = 10 sec 
Size = 100% 



Time ► 

stands for "Stereo Multi-Tap", and refers to that module (Page 4) 
in the Multi-Effects algorithm on the algorithm's output mixer 
page. 

refers to one of the six buttons (with the triangles inside) 
immediately above the faders. They are used to select menu items 
and sometimes to augment the functions of the faders below 
them, by acting as switches, or incrementing controls. When a 
button is acting to increment a value, often pressing the Shift key 
and the button will make it decrement the value. Depending on 
the context. Soft buttons will often have auto-repeat and 
acceleration characteristics 

has two meanings: 

In the sampler programs, it determines from which audio 
Input, Left or Right, a sample program will record signal or, once 
the sample is recorded, which input will trigger playback. 

On the MIDI Parameter Control page, it refers to what type 
of MIDI data will be used to control what function of the ADR 6SK 
(see Target). 
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Speed 

Stop 

Stopped Reverb 


StpDIy 

Swap 

SysEx 


Target, Target # 


in the Stereo Chorus module of the Multi-Effects algorithm refers 
to how fast modulation of the various taps will occur. This 
parameter, in conjunction with Range, will determine the cycle 
time of a vibrato or other effect produced in this module. 


is a control that appears on the first page of ail sampling programs. 
It is used to cut off either recording or playback of a sample belore 
it reaches its endpoint Samples can be stopped from other pages by 
pressing the Shift key and any "Play" button. 

refers to the "secondary" reverb settings in a reverb preset that 
uses gating. The stopped reverb parameters are active bel'ore the 
input signal level exceeds the 'Trig" threshold, as well as after the 
level drops below the threshold, and the SlpDly interval has 
passed. If the 'Trig" level is set to "OFF', there will be no Stopped 
reverb, and these settings will have no effect (See also Running 
Reverb). 

In a gated reverb preset, after the input signal level drops below 
the Trig threshold, a specified period of time before tire Stopped 
Reverb parameters take over. Adjustable between 0.01 and 5 
seconds. 

a function, called up from the Cart menu, that exchanges the 
contents of the Internal registers with those of the Cartridge 
registers in a non-destructive way. 

is a MIDI function that allows the ADR 68K to be controlled via 
System-Exclusive data externally The usual way of operating the 
ADR 68K over MIDI in real time is to use normal ("System 
Common") messages such as notes and controllers, but System- 
Exclusive control can be used as well, in conjunction with a 
dedicated software program. This function and the Send and 
Receive functions are completely separate. 

In the MIDI Parameter mode, a Target is an ADR 68K parameter 
that is being controlled by a specific MIDI command. A target can 
be a fader, a Soft Button, a Soft Button with Sliifl key, the Mute 
button, or the Clear button. The 'Target" fader on Page 2 of the 
MIDI Parameter menu chooses the type of target, while the 
'Target#" fader chooses the specific target, if there is more than 
one of that type, e.g.. Soft Button 12, which refers to the sixth 
Button on Page 2 of the current preset When the Target# fader is 
moved, the display shows the actual identity of the chosen target 
within the context of the cunent preset, e.g. selecting Fader 15 will 
display "Bal". See Source 
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sets a level, between -42 dB and "LIM", at which an incoming 
audio signal will open the gate in a reverb algorithm, and 
therefore allow the Running Reverb parameters to take over. (Not 
to be confused with Sample Trig.) 


trim 


See Begin and End 

refers to the parameters within a sampling program that conhol 
pitch change on playback. They are Method, Amount, and Fine. 
The only sampling programs that have this control are the ones 
that work with just one sample at a time, e.g., M and St. 

in a Chorus or Multi-Effects program controls the number of 
voices, or taps, that will be generated. Generally speaking, the 
more voices the "thickeri'-sounding the effect. 

in some modes of the Stereo Processing algorithm, is used to 
control how wide the apparent stereo spread of the synthesized 
signal will be. A width of 0% means that the output of the 
algorithm will be monaural, while a width of 100% means that the 
full stereo field will be used. In the PAN mode of this algorithm. 
Width has a slightly different meaning: it determines how wide 
the apparent sound source will be. At 0%, the signal will appear to 
be a point source, while at 100%. it will take up the full stereo stage 
land the pan effect will be lost). 


Tuning 


Voices 


Width 


100 % 


turns on the ADR68K s Auto-MIDI mode (see also) from the 
Setup Page. When this is enabled, any movement of a fader or 
press of a burton is sent out as MIDI controller data. 
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o 



i f~ n “in 

! Function j Transmitted | Rccogmzed \ Remarks j 

II II 

| 1 T T 1 

j Channel | x j 1-16 | memorized | 

I 1 + 1 1 

I ... I [ 1 (Omni On, Poly) . 

• Modc I x I 3 (Omni Off. Poly) j memorized 

• j 1 T 1 

Note Number J x I o I j 

1 Velocity [ _ *_ [_o _[ J 

Aftertouch lx I o 

I 1 + k ^ 

Pitchbender j x I 0 

rsssess-rr 1“ lasss! 

I 1 r r 1 

Program Change: x | 0 | 

I true# I 0-127 

| I ! L J 

System Exclusive I o 1 o 

I 1 -j- 

System Common | x | x | | 

j 1 1- h 1 

System Real i x j x j j 

T >™ 1 L L -1 

[.I I MIDI Sample Dump i 

Aux messages jo _1 ° _1 Sum ‘ tard J 


ADR 68K MIDI Implementation Chart 
Version: 4.00 
Date: 15 December 1987 


o : Yes 
x : No 
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Auto-MIDI values 


Th? following are the MIDI values sent by the faders and by the pressing and 
releasing of buttons on the ADR 68K remote when the Auto-MIDI mode is active (i.e., 
"Xmit" is turned on). 

The faders link directly with the following controllers, and their position is 
indicated by a value of 0-127: 


Fader 1 
Fader 2 
Fader 3 
Fader 4 
Fader 5 
Fader 6 


Ceneral Purpose Controller #1 (Continuous Controller #16) 
General Purpose Controller #2 (Continuous Controller #17) 
General Purpose Controller #3 (Continuous Controller #18) 
General Purpose Controller #4 (Continuous Controller #19) 
General Purpose Controller #5 (Continuous Controller #80) 
General Purpose Controller #6 (Continuous Controller #81) 


The buttons use General Purpose Controllers #7 and #8 (Continuous Controllers 
#82 and #83), to signify a button push and release, respectively, and each button is assigned 
a particular value For example, pushing Soft Button 1 sends a Controller #82 value of 28 
(decimal), while releasing it sends a Controller #S3 value of 28. 


Button 

Decimal 

iica 

0 

0 

00 

) 

1 

01 

2 

2 

02 

3 

3 

03 

4 

4 

0» 

5 

5 

05 

6 

6 

06 

7 

7 

07 

8 

8 

C8 

9 

9 

09 

decimal pt. 

10 

0A 

BSP 

11 

OB 

CE 

12 

OC 

ENT 

13 

OD 

ShiA-0 

14 

OE 

Shift-1 

15 

OF 

Slu/t-2 

16 

10 

Shift-3 

17 

11 

Shift-4 

18 

12 

Shift-5 

19 

13 

Shift-6 

20 

14 

Shift-7 

21 

15 

Shift-8 

22 

16 

Shift-9 

23 

17 

Shift-dec pt- 

24 

18 

Shift-BSP 

25 

19 

Shift-CE 

26 

1A 

Shift-ENT 

27 

IB 


Button 

Decimal 

Mi* 

Solti 

28 

1C 

Soft 2 

29 

ID 

Soft 3 

30 

IE 

Soft 4 

31 

IF 

Soft5 

32 

20 

Soft 6 ’ 

33 

21 

Shift-Soft 1 

34 

22 

Shift-Soft 2 

35 

23 

Shift-Soft 3 

36 

24 

Shift-Soft 4 

37 

25 

Shift-Soft 5 

38 

26 

Shift-Soft 6 

39 

27 

* 

40 

28 

l 

41 

29 

t- 

42 

2A 

_ 

43 

2B 

stun-: 

44 

2C 

Shift - 1 

45 

2D 

Shift— 

46 

2E 

Shift—* 

47 

2F 

MUTE 

48 

30 

CLR 

49 

31 

Shift-MUTE 

50 

32 

Shift-CLR 

51 

33 


limicn Psomal 

11 S* 

PLATE 

52 

34 

ROOM 

53 

35 

CHAM 8 

54 

36 

HALL 

55 

37 

SPLIT 

56 

38 

EFX 

57 

39 

LAST 

58 

3A 

Shift-PLATE 

59 

3B 

Shift-ROOM 

60 

3C 

Shift-CHAMB 

61 

3D 

Shift-HALL 

62 

3E 

Shift-SPUT 

63 

3F 

Shift-EFX 

64 

40 

Shift- LAST 

65 

41 

MIDI 

66 

42 

SYS 

67 

43 

CART 

68 

44 

HELP 

69 

45 

Shift-MIDl 

70 

46 

Shift-SYS 

71 

47 

Shift-CART 

72 

48 

Sluft-HELP 

73 

49 
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Bank 2 — Optimal Chamber (Climb) 



Early Reflection 1 
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Early Rellection 1 










Bank 4 — Natural Hall (Hall) 
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Early Reflection 1 
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Register F6.3 — M (Single Mono Sampler) 



Pitch 

Change 

(Tuning) 




3 xtpuxUy — OV '&* — y89 VUV'J'AV 




73 Echo — short KTfiO foran unusual "slapluck'' effect. 

74 Jimi — lung decay time, lots of Punch for maximum dramatic effect 

75 Short - short and dull reverse reverb. 

7 6 Motown — very short effect with sharp high-frequency rolloff. 
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Bank 7 — Reverse Reverb (Revers) 










Bank 8 — Multi-effects (Multi) 




Bank 9 — Stereo Processor (Stereo) 







Bank 10 — Poly-Chorus (Chorus) 



Lelt output 





BANK 11 — Dual Delays (DDL) 



Page 205 
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width 


Samplers 


Even/R 


HFDcy 1 — 1 ^Gam 

Config = Split 


Lett Output 

Right Output 



Left Output 


Right Output 



HF 

Band- 
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width 

Right Input 



HF Dcy Gain 

Config = Parallel 



Lett Output 


Odd/L 


HF 

Band- 

width 


Samplers 


Even/R 


Right Input 


Config = Chain 


Right Output 


Cdd/L 


ESamplers 3 


Even/R 




all Configs 


Left Outputs 
Right Outputs 


Bank 11 — Dual Delays (DDL) 
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